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Description 

Background of the Invention 
5 Field of the Invention 

The present invention relates to a speech coding method, and an apparatus for the same, for performing high 
efficiency speech coding for use in digital cellular telephone systems. More concretely, the present invention relates 
to a parameter coding method, and an apparatus for the same, for encoding various types of parameters such as 
10 spectral envelope information and power information, which are to be used in the aforementioned speech coding meth- 
od and apparatus for the same; the present invention further relates to a multistage vector quantization method, and 
an apparatus for the same, for performing multistage vector quantization for use in the aforementioned speech coding 
process and apparatus for the same. 

15 Background Art 

Recently, within such technological fields as digital cellular transmission and speech storage service, with the 
objective of effectively utilizing electric wave and storage media, various high efficiency coding methods are in use. 
Among these various coding methods, code-excited linear prediction coding (CELP), vector sum excited linear predic- 
"° tion coding (VSELP), and multi-pulse coding represent high efficiency coding methods which code speech at a coding 
speed of approximately 8 kb/s. 

Fig. 1 5 is a block diagram showing a constructional example of a speech coding apparatus utilizing a conventional 
CELP coding method. The analog speech signal is sampled at a sampling frequency of 8 kHz, and the generated input 
speech data is inputted from an input terminal 1 . In a linear prediction coding (LPC) analyzing portion 2, a plurality of 
25 input speech data samples inputted from the input terminal 1 are grouped as one frame in one vector (hereafter referred 
to as "an input speech vector"), and linear prediction analysis is performed for this input speech vector, and LPC 
coefficients are then calculated. In an LSP coefficient quantizing portion 4, the LPC coefficients are quantized, and the 
LPC coefficients of a synthesis filter 3 possessing the transfer function (1/A(z)} is then set. 

An adaptive codebook 5 is formed in a manner such that a plurality of pitch period vectors, corresponding to pitch 
30 periods of the voiced intervals in the speech, are stored. In a gain portion 6, a gain set by a distortion power calculating 
portion 1 3 explained hereafter is multiplied by the pitch period vector, which is selected and outputted from the adaptive 
codebook 5 by the distortion power calculating portion 13 and is then outputted from the gain portion 6. 

A plurality of noise waveform vectors (e.g., random vectors) corresponding to the unvoiced intervals in the speech 
are previously stored in a random codebook 7. In a gain portion 8, the gain set by distortion power calculating portion 
35 13 is multiplied by the noise waveform vector, which is selected and outputted from the random codebook 7 by the 
distortion power calculating portion 1 3, and outputted from gain portion 8. 

In an adder 9, the output vector of the gain portion 6 and the output vector of the gain portion 8 are added, and 
the output vector of the adder 9 is then supplied to the synthesis filter 3 as an excitation vector. In synthesis filter 3, 
the speech vector (hereafter referred to as "the synthetic speech vector") is synthesized based on the set LPC coeffi- 
1 cient. 

In addition, in a power quantizing portion 10, the power of the input speech vector is first calculated, and this power 
is then quantized. In this manner, using the quantized power of the input speech vector, the input speech vector and 
the pitch period vector are normalized. In a subtracter 11 , the synthetic speech vector is subtracted from the normalized 
input speech vector outputted from the power quantizing portion 10, and the distortion data is calculated. 

45 Subsequently, the distortion data is weighted in a perceptual weighting filter 12 according to the coefficients cor- 

responding to the perceptual characteristics of humans. The aforementioned perceptual weighting filter 12 utilizes a 
masking effect of the perceptual characteristics of humans, and reduces the auditory senses of quantized random 
noise in the formant region of the speech data. 

A distortion power calculating portion 1 3 calculates the power of the distortion data outputted from the perceptual 

50 weighting filter 1 2, selects the pitch period vector and the noise waveform vector, which will minimize the power of the 
distortion data, from the adaptive codebook 5 and the random codebook 7, respectively, and sets the gains in each of 
the gain portions 6 and 8. In this manner, the information (codes) and gains selected according to the LPC coefficients, 
power of the input speech vector, the pitch period vector and the noise waveform vector, are converted into codes of 
bit series, outputted, and then transmitted. 

55 Fig. 1 6 is a block diagram showing a constructional example of a speech coding apparatus utilizing a conventional 

VSELP coding method. In this Fig. 1 6, components which correspond to those shown in Fig. 1 5, will retain the original 
identifying numeral, and their description wilt not herein be repeated. As seen from Fig. 16, the construction of this 
speech coding apparatus utilizing the VSELP coding method is similar overall to that of the aforementioned speech 
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coding apparatus utilizing the CELP coding method. However, instead of multiplying each separately gain with the 
selected pitch period vector and noise waveform vector respectively, as in the CELP coding method, the VSELP coding 
method, in order to raise the quantization efficiency, utilizes a vector quantization method which simultaneously deter- 
mines the gains to be multiplied with the selected pitch period vector and noise waveform vector respectively, and s ts 

s them into gain portions 15a and 15b of a gainer 15. 

The specific details of the (1) CELP coding method, (2) VSELP coding method and (3) the multi-pulse coding 
method can be found by referencing respectively (1) Schroeder, M.R., et ai. (Code-Excited Linear Prediction (CELP): 
High-quality Speech at Very Low Rates: Proc. ICASSP '85, 25.1.1, pp. 937-940, 19B5), (2) Gerson, I A, et al. (Vector 
Sum Excited Linear Prediction (VSELP) Speech Coding at 8 kps: Proc. ICASSP *90, S9.3, pp. 461-464, 1990), and 

io (3) Ozawa, et al. (9.6-4.8 kbit/s Multi-pass Speech Coding Method Using Pitch Information [translated]: Shingakushi 
(D-ll), J72-D-II, 8, pp. 1125-1132, 1989). 

In addition, a low-delay code excited linear prediction (LD-CELP) coding method is a high efficiency coding method 
which encodes speech at a coding speed of 16 kb/s, wherein due to use of a backward prediction method in regard 
to the LPC coefficients and the power of the input speech vector, transmission of the LPC coefficients codes and power 

is codes of the input speech vector is unnecessary. Fig. 17 is a block diagram showing a constructional example of a 
speech coding apparatus utilizing the conventional LD-CELP coding method. In this Fig. 17, components which cor- 
respond to those shown in Fig. 15, will retain the original identifying numeral, and their description will not herein be 
repeated. 

In a LPC analyzing portion 16, linear prediction analysis is not performed and the LPC coefficients of the synthesis 
filter 3 are not calculated for the input speech data, inputted from the input terminal 1 , which is in the frame currently 
undergoing quantization. Instead, a high-order linear prediction analysis of the 50th order, including the pitch periodicity 
of the speech, is performed, and the LPC coefficients of the synthesis filter 3 are calculated and determined for the 
previously processed output vector of the synthesis filter 3. In this manner, the determined LPC coefficients are set 
into synthesis filter 3. 

2S Similarly, in this speech coding apparatus, after the calculation of the power of the input speech data in the frame 

undergoing quantization, in the power quantizing portion 10, the quantization of this power is not performed as in the 
speech coding apparatus shown in Fig. 1 5. Instead, in a gain adapting portion 1 7, linear prediction analysis is performed 
for the previously processed power of the output vector from the gain portion 8, and the power (in other words, the 
predicted gain) to be provided to the noise waveform vector selected in the current frame operation, is calculated, 
30 determined and then set into the predicted gain portion 18. 

Consequently, in the predicted gain portion 18, the predicted gain set by the gain adapting portion 17 is multiplied 
by the noise waveform vector which is selected and outputted from the random codebook 7 by the distortion power 
calculating portion 13. Subsequently, the gain set by the distortion power calculating portion 13 is multiplied by the 
output vector from the predicted gain portion 1 8 in the gain portion 8, and then outputted. The output vector of the gain 
35 portion 8 is then supplied as an excitation vector to the synthesis filter 3, and a synthetic speech vector is synthesized 
in the synthesis filter 3 based on the set LPC coefficients. 

Subsequently, in the subtracter 11, the synthetic speech vector is subtracted from the input speech vector, and 
the distortion data are calculated. After this distortion data are weighted in the perceptual weighting filter 12 using the 
coefficients corresponding to human perceptual characteristics, the power of the distortion data outputted from the 
' perceptual weighting filter 12 is calculated, the noise waveform vector, which will minimize the power of the distortion 
data, is selected from the random codebook 7, and the gain is then set in the gain portion 8. In this manner, in the code 
outputting portion 1 4, the codes and gains selected according to the noise waveform vectors are converted into codes 
of bit series, outputted and then transmitted. 

As described above, in the conventional LD-CELP coding method, since synthetic speech vectors previously proc- 
45 essed by both speech coding and decoding apparatuses may be used commonly, thus transmission of the LPC coef- 
ficients and power of the input speech vector is unnecessary. 

Further details on the LD-CELP coding method can be found by referencing Chen, J. (High Quality 1 6 kb/s Spe ch 
Coding with a One-Way Delay Less Than 2 ms: Proc. ICASSP '90, 33. S9.1, 1990). 

Among the aforementioned conventional speech coding methods, in the CELP speech coding, linear prediction 
50 analysis is performed, the LPC coefficients of the synthesis filter 3 are calculated and these LPC coefficients are then 
quantized only for the input speech data in the current frame undergoing quantization. Therefore, a drawback exists 
in that in order to obtain, at the transmission receiver, high-quality speech which is decoded (hereafter referred to as 
"the decoded speech*), a large number of bits are necessary for the LPC coefficients quantization. 

In addition, the power of the input speech vector is quantized, and the code selected in response to the quantized 
55 power of the input speech vector is transmitted as the coding signal, thus in the case where a transmission error of 
the code occurs in the transmission line, problems exist in that undesired speech is generated in the unvoiced intervals 
of the decoded speech, and the desired speech is frequently interrupted; thereby creating decoded speech of inferior 
quality. In addition, quantization of the power of the input speech vector is performed using a limited number of bits, 
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thus in the case where the magnitude of the input speech vector is small, a disadvantage exists in that the quantized 
noise increases. 

Furthermore, the noise waveform vector is represented by one noise waveform vector stored in one random code- 
book 7, and the code s lected in response to this noise waveform vector is transmitted as the coding signal, thus in 
the case where an transmission error of the code occurs in the transmission line, a completely different noise waveform 
vector is used in the speech decoding apparatus of the transmission receiver, thereby creating decoded speech of 
inferior quality. 

Moreover, normally the noise waveform vector to be stored in the random codebook uses a speech data base in 
which a large amount of actual speech data is stored, and performs learning so as to match this actual speech data. 
However, in the case where the noise waveform vector is represented by one noise waveform vector of one random 
codebook 7, a large storage capacity is required, and thus the size of the codebook becomes significantly large. Con- 
sequently, disadvantages exist in that the aforementioned learning is not performed, and the noise waveform vector 
is not matched well with the actual speech data. 

Additionally, in the aforementioned conventional VSELP coding method, in the case where an transmission error 
of the code corresponding to the gain to be multiplied by the pitch period vector and the noise waveform vector, set 

/ • — -I r . | . . ...w. M . .w. . .www •■Utv/IUHH , wwtw-l UIO II lUillpllCU Uy CL wUI I I" 

pletely different gain in the speech decoding apparatus of the transmission receiver, thereby creating decoded speech 
of inferior quality. 

Furthermore, in the aforementioned conventional CELP and VSELP coding methods, the pitch period vector and 
the noise waveform vector which will minimize the power of the distortion data, are selected from the adaptive codebook 
5 and the random codebook 7 respectively. However, in order to select the most optimum pitch period vector and noise 
waveform vector, since the power of the distortion data d, shown, in a formula (1 ) below, in a closed loop formed by 
means of structural elements 3, 5-9, and 11-13. or structural elements 3, 5, 7, 9, 11-13, and 15, must be calculated 
in the distortion power calculating portion 13 for all pitch period vectors and noise waveform vectors stored in the 
adaptive codebook 5 and the random codebook 7 respectively, there exist disadvantages in that enormous computa- 
tional complexity is required. 



d = \X-gHV\ 2 (1) 

In the formula (1 ), the input speech vector whose power is quantized, is represented by X; the pitch period vector 
or the noise waveform vector selected from the adaptive codebook 5 and the random codebook 7 respectively are 
represented by V| (j=1~N; N is the codebook size); the gain set in the gain portions 6 and 8, or in the gain portions 
15a and 15b is represented by g; the impulse response coefficients which are, the coefficients of the FIR filter, in the 
case where the synthesis filter 3 and the perceptual weighting filter 12 are comprised by one FIR filter, is represented 
by H; and the distortion data are designated by d. 

On the other hand, in the aforementioned conventional LD-CELP coding method, when calculating the LPC coef- 
ficients of the synthesis filter 3, a backward prediction method in which linear prediction analysis is performed only for 
the previously processed synthetic speech vector, is used. Thus, when compared with the forward prediction methods 
used in the aforementioned CELP and VSELP coding methods, the prediction error is large. As a result, at a coding 
speed of approximately 8 kb/s, sudden increases in the waveform distortion occur, which in turn create the decoded 
speech of inferior quality. 

In the aforementioned conventional high efficiency coding methods, a plurality of samples of each type of parameter 
from information relating to spectral envelopes, power and the like are gathered as one frame in one vector, coded in 
each frame, and then transmitted. In addition, in the aforementioned conventional high efficiency coding methods, in 
order to increase the information compression efficiency, methods for increasing the frame update period, and for 
quantizing the differences between the current frame and the previous frame, as well as, the predicted values are 
known. 

However, when the frame update period is 40 ms or greater, a problem arises in that the coding distortion increases 
due to the inability of the system to track changes in the spectral characteristics of the speech waveform, as well as, 
fluctuations in the power. In addition, when the parameters are destroyed by coding errors, distortions are created over 
long intervals in the encoded speech. 

On the other hand, when the differences between parameters of the present and past frames, as well as the 
predicted values are quantized, even in the case of short frame update periods, using a time continuity of the param- 
eters, and information compression becomes possible. Howev r, a disadvantage exists in that the effects of the past 
coding errors continue to propagate over long periods of time. 

Furthermore, in the aforementioned speech coders shown in Figs. 1 5 and 1 6, after the LPC coefficients determined 
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in the LPC analyzing portion 2 are converted into the LSP parameters, quantization is performed in the LSP coefficient 
quantizing portion 4, and the quantized LSP parameters are then converted back into the LPC coefficients. When 
quantizing these LSP paramet rs, a vector quantization method is effective in quantizing one bit or less per sample. 
In this vector quantization method, as shown in Fig. 18, in distortion calculating portion 19, the LSP codevector pos- 

5 sessing the least distortion with the LSP parameter vector, to be formed from a plurality of samples of the LSP param- 
eters, is selected from the codebook 20, and its code is transmitted. In this manner, by forming the codebook 20 to 
conform to the quantization, it is possible to quantize the LSP parameters with small distortion. 

However, since both the storage capacity of the codebook 20 and the computational complexity in calculation of 
the distortion, increase according to the exponential function of the number of quantization bits, it is difficult to achieve 

10 quantization of a large number of bits. In this regard, a multistage vector quantization method presents one way in 
which this problem can be solved. Namely, the codebook 20 is formed from a plurality of codebooks, and in the coding 
portion in the LSP coefficient quantizing portion 4, the quantization error occurring in the vector quantization of a certain 
step is used as the input vector in the vector quantization of the next step. In the decoding portion in the LSP coefficient 
quantizing portion 4, the output vector is then formed by adding a plurality of the LSP codevectors selected from the 

15 plurality of the codebooks. In this manner, the vector quantization becomes possible while restricting the storage ca- 
pacity and computational complexity to realistic ranges. However, in this multistage vector quantization method, a 
distortion of significant proportion is observed when compared with the ideal onestage vector quantization method. 

The reason for the large distortion in this multistage vector quantization method will be explained in the following 
with reference to Figs. 1 9 through 22; Firstly, in order to stably excite the synthesis filter 3 in which the LSP parameter 

^ vector is set, the values of the LSP parameters co through co p forming the LSP parameter vector of dimension p must 
satisfy the relation given by a formula (2) below. 

0<co 1 <a> 2 < <a> p <n (2) 

Fig. 19 shows a case in which second order LSP parameters vector, i.e. p=2, are utilized. The LSP parameters 
must exist within the stable triangular region Al shown in Fig. 1 9 according to the formula (2). In addition, in particular, 
according to the statistical characteristics of the speech, the expectation of the LSP parameters existing in the inclined 
region labeled A2 is high. 

In the following, the flow of the procedures of the LSP coefficients quantizing portion 4 in the case of performing 
vector quantization of these LSP parameters will be explained with reference to the flow chart shown in Fig. 20. Fur- 
thermore, in order to reduce the storage capacity of the codebook 20, the LSP coding vector is represented as the 
sum of two vectors. The codebook 20 is thus formed from a first codebook #1 and a second codebook #2. In the coding . 
portion, in step SA1, a 3-bit first codebook #1 similar to the input vector is formed. In this manner, a reconstructed 
vector V1 shown in Fig. 21 , can be obtained. Subsequently, second vector quantization of the quantization error which 
occurred during quantization in step SA1 is performed. Namely, in step SA2 shown in Fig. 20, the group of the recon- 
structed vectors V2 existing within the circular region shown in Fig. 22 (i.e. the contents of the second codebook #2) 
is centrally combined with the reconstructed vector V1 , selected through the first vector quantization, thereby forming 
an output point. As seen from Fig. 22, when two output vectors of codebook #1 and codebook #2 respectively are 
added, an output point may be formed in a region which did not originally exist. Consequently, in step SA3, a judgment 
whether the added vector is stable or unstable is made, with unstable vectors being excluded from the process. In step 
SA4, the distortion of the input vector and the aforementioned reconstructed vector is calculated. Subsequently, in step 
SA5, a vector is determined which will minimize the aforementioned distortion, and its code is transmitted to the de- 
coding portion in the LSP coefficients quantizing portion 4. 

In this manner, in the decoding portion, in step SA6, the codebook #1 is used to determine a first output vector, 
and in step SA7 t a second output vector contained in the codebook #2, is added to this aforementioned first output 
vector, thereby yielding the final output vector. 

Consequently, in the conventional coding processes, as mentioned above there exist problems in that no alterna- 
tives exist besides excluding the unstable vector, which leads to wasteful use of information. 

An article entitled "Multiple stage Vector Quantization for speech Coding" by Bing-Hwang Juang and A.H. Gray, 
J2 (1982.IEEE) is related to a multi-stage vector quantizing method. 

Summary of the Invention 

The invention is defined by the appended claims. 

In consideration of the above, it is a first object of the present invention to provide a speech coding method and 
an apparatus for the sam , wherein even in th case where transmission errors occur in the transmission line, high 
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quality speech coding and decoding is possible at a slow coding speed, without being significantly affected by the 
aforementioned errors. Additionally, it is a second object of the present invention to provide a parameter coding method 
and an apparatus for the same which, when encoding various types of parameters such as those of spectral nvelope 
information, power information and the lik at a slow coding speed, prevents the transmission of coding errors, main- 

s tains a comparatively short frame update period, and is able to reduce the quantization distortion by utilizing the time 
continuity of parameters. Furthermore, it is a third object of the present invention to provide a multistage vector quan- 
tization method and an apparatus for the same which is able to suppress rising of the quantization distortion, while 
keeping the storage capacity of the codebook small. 

To satisfy the first object, the present invention provides a speech coding method for coding speech data comprising 

10 a plurality of samples as a unit of a frame operation wherein: the plurality of samples of speech data are analyzed by 
a linear prediction analysis and thereby prediction coefficients are calculated, and quantized; the quantized prediction 
coefficients are set in a synthesis filter; the synthesized speech vector is synthesized by exciting the synthesis filter 
with a pitch period vector which is selected from an adaptive codebook in which a plurality of pitch period vectors are 
stored, and which is multiplied by a first gain, and with a noise waveform vector which is selected from a random 

*s codebook in which a plurality of the noise waveform vectors are stored, and which is multiplied by a second gain; and 

plying the selected noise waveform vector by a predicted gain; and predicting said predicted gain which is to be mul- 
tiplied by the noise waveform vector selected in a subsequent frame operation, and is based on the current noise, 
waveform vector which is multiplied by said predicted gain and said second gain in the current frame operation, and 
-* 1 on the previous noise waveform vector which is multiplied by said predicted gain and said second gain in the previous 
frame operation. 

Furthermore, the present invention provides a speech coding apparatus for coding speech data comprising a 
plurality of samples as a unit of a frame operation wherein: the plurality of samples of speech data are analyzed by a 
linear prediction analysis and thereby prediction coefficients are calculated and quantized; the quantized prediction 

25 coefficients are set in a synthesis filter; the synthetic speech vector is synthesized by exciting the synthesis filter with 
a pitch period vector which is selected from an adaptive codebook in which a plurality of pitch period vectors are stored, 
and which is multiplied by a first gain, and with a noise waveform vector which is selected from a random codebook in 
which a plurality of the noise waveform vectors are stored, and which is multiplied by a second gain; and wherein said 
apparatus comprises a gain predicting portion for multiplying said selected noise waveform vector by a predicted gain; 

30 a gain portion for multiplying said selected pitch period vector and an output vector derived from said gain predicting 
portion using said first and second gain, respectively, a distortion calculator for respectively selecting said pitch period 
vector and said noise waveform vector and setting, at the same time, said first and second gain so that a quantization 
distortion between an input speech vector comprising a plurality of samples of speech data and said synthetic speech 
vector is minimized; and a gain adaptor for predicting said predicted gain which is to be multiplied by the noise waveform 

35 vector selected in the subsequent frame operation, and is based on the current noise waveform vector which is mul- 
tiplied by said predicted gain and said second gain at the current frame operation, and on the previous noise waveform 
vector which is multiplied by said predicted gain and said second gain in the previous frame operation. 

In accordance.with this method and apparatus for the same, even in the case where transmission errors occur in 
the transmission line, high quality speech coding and decoding is possible at a slow coding speed without being sig- 
nificantly affected by the aforementioned errors. 

To satisfy the second object, the present invention provides a parameter coding method of speech for quantizing 
parameters such as spectral envelope information and power information at a unit of a frame operation comprising a 
plurality of samples of speech data, wherein said method comprises the steps of, in a coding portion, (a) wherein said 
parameter is quantized, representing the resultant quantized parameter vector by the weighted mean of a prospective 

45 parameter vector selected from a parameter codebook in which a plurality of the prospective parameter vectors are 
stored in the current frame operation and a part of the prospective parameter vector selected from said parameter 
codebook in the previous frame operation, (b) selecting said prospective parameter vector from said parameter code- 
book so that a quantization distortion between said quantized parameter vector and an input parameter vector, is 
minimized, and (c) transmitting a vector code corresponding to the selected prospective parameter vector; and in a 

50 decoding portion, (a) calculating the weighted mean of the prospective parameter vector selected from said parameter 
codebook in the current frame operation corresponding to the transmitted vector code and the prospective parameter 
vector in the previous frame operation, and (b) outputting the resultant vector 

Moreover, the present invention provides a parameter coding apparatus of speech for quantizing parameters such 
as spectral envelope information and power information as a unit of a frame operation comprising a plurality of samples 

ss of speech data, wherein said apparatus comprises a coding portion comprising, (a) a parameter codebook for storing 
a plurality of prediction parameter vectors, and (b) a vector quantization portion for calculating the weighted mean of 
the prospective parameter vector selected from said parameter codebook in the current frame operation, the part of 
the prospective parameter vector selected from said parameter codebook in the previous frame operation, using the 
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resultant vector as the resultant quantized parameter vector of the quantization of prediction coefficients, selecting 
said prospective parameter vector from said parameter codebook so that a quantization distortion between said quan- 
tized parameter vector and an input param ter vector is minimized, and transmitting a vector code corresponding to 
the selected prospective parameter vector; and a decoding portion for calculating the weighted mean of the prospective 
5 parameter vector selected from said parameter codebook in the current frame operation corresponding to the trans- 
mitted vector code and the prospective parameter vector in the previous frame operation, and outputting the resultant 
vector. 

In accordance with this method and apparatus for the same, the coding portion represents the resultant quantized 
parameter vector by the weighted mean of the prospective parameter vector selected from the parameter codebook 

10 in the current frame operation and the part of the prospective parameter vector selected from the parameter codebook 
in the previous frame operation. Then the coding portion selects the prospective parameter vector from the parameter 
codebook so that the quantization distortion between the quantized parameter vector and the input parameter vector 
is minimized. Furthermore, the coding portion transmits the vector code corresponding to the selected prospective 
parameter vector. Moreover the decoding portion calculates the weighted mean of the prospective parameter vector 

*5 selected from the parameter codebook in the current frame operation corresponding to the transmitted vector code, 
and the prospective parameter vector in the previous frame operation, and outputs the resultant vector. 

According to the present invention, since only the code corresponding to one parameter codebook is transmitted 
to each frame, even if the frame length is shortened, the amount of transmitted information remains small. Additionally, 
the quantization distortion may be reduced when the continuity with the previous frame is high. As well, even in the 

' 1 case where the coding errors occur, since the prospective parameter vector in the current frame operation is equalized 
with one in the previous frame operation, the effect of the coding errors is small. Moreover, the effect of coding errors 
in the current frame operation can only extend up to two frames operation fore. If coding errors can be detected using 
a redundant code, the parameter with errors is excluded, and by calculating the mean described above, the effect of 
errors can also be reduced. 

25 To satisfy the third object, the present invention provides a multistage vector quantizing method for selecting the 

prospective parameter vector from a parameter codebook so that the quantization distortion between the prospective 
parameter vector and an input parameter vector becomes minimized, a vector code corresponding to the selected 
prospective parameter vector is transmitted, and wherein said method comprises the steps of, in a coding portion, (a) 
representing said prospective parameter vector by the sum of subparameter vectors respectively selected from stages 

30 of the subparameter codebooks, (b) respectively selecting subparameter vectors from stages of said subparameter 
codebooks, (c) adding subparameter vectors selected to obtain the prospective parameter vector in the current frame 
operation, (d) judging whether or not said prospective parameter vector in the current frame operation is stable, (e) 
converting said prospective parameter vector into a new prospective parameter vector so that said prospective param- 
eter vector in the current frame operation becomes stable using the fixed rule in the case where said prospective 

35 parameter vector in the current frame operation is not stable, (f) selecting the prospective parameter vector from said 
parameter codebook so that said quantization distortion is minimized, and (g) transmitting a vector code corresponding 
to the selected prospective parameter vector; and in said decoding portion, (a) respectively selecting subparameter 
vectors corresponding to the transmitted vector code from stages of said subparameter codebooks, (b) adding the 
selected subparameter vectors to obtain the prospective parameter vector in the current frame operation, (c) judging 
' whether or not said prospective parameter vector in the current frame operation is stable, (d) converting said prospective 
parameter vector into a new prospective parameter vector so that said prospective parameter vector in the current 
frame operation becomes stable using the fixed rule in the case where said prospective parameter vector in the current 
frame operation is not stable, and (e) using the converted prospective parameter vector as final prospective parameter 
vector in the current frame operation. 

45 Furthermore, the present invention provides a multistage vector quantizing apparatus for selecting the prospective 

parameter vector from a parameter codebook so that the quantization distortion between the prospective parameter 
vector and an input parameter vector becomes minimized, and transmitting a vector code corresponding to the selected 
prospective parameter vector, wherein said apparatus comprises said parameter codebook comprising stages of sub- 
parameter codebooks in which subparameter vectors are respectively stored, a coding portion comprising a vector 

50 quantization portion for respectively selecting subparameter vectors from stages of said subparameter codebooks, 
and adding the selected subparameter vectors to obtain the prospective parameter vector in the current frame oper- 
ation, judging whether or not said prospective parameter vector in the current frame operation is stable, converting 
said prospective parameter vector into a new prospective parameter vector so that said prospective parameter vector 
in the current frame operation becomes stable using the fixed rule in the case where said prospective parameter vector 

55 in the current frame operation is not stable, selecting the prospective parameter vector from said parameter codebook 
so that said quantization distortion is minimized, and transmitting a vector code corresponding to the selected prospec- 
tive parameter vector; and a decoding portion for respectively selecting subparameter vectors corresponding to the 
transmitted vector code from stages of said subparam ter codebooks, adding the selected subparameter vectors to 
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obtain the prospective parameter vector in the current frame operation, judging whether or not said prospective pa- 
rameter vector in the current frame operation is stable, converting said prospective parameter vector into a new pro- 
spective parameter vector so that said prospective parameter vector in the current frame operation becomes stable 
using the fixed rule in the case where said prospective parameter vector in the current frame operation is not stable, 
and using the converted prospective parameter vector as a final prospective parameter vector in the current frame 
operation. 

According to this method and apparatus for the same, from the second stage of the multistage vector quantization, 
the output point is examined to determine whether or not it is the probable output point (determining whether it is stable 
or unstable). In the case where an output vector in the region which dose not originally exist is detected, this vector is 
converted into a new output vector in the region which always exist using the fixed rule, and then quantized. In this 
manner, unselected combinations of codes are eliminated, and the quantization distortion may be reduced. 

In addition, according to the present invention, unstable, useless output vectors occurring after the first stage of 
the multistage vector quantization are converted using the fixed rule, into effective output vectors which may then be 
used. As a result, advantages such as a greater reduction of the quantization distortion from an equivalent amount of 
information, as compared with the conventional methods may be obtained. 

Brief Explanation of the Drawings 

Fig. 1 (A) is a block diagram showing a part of a construction of a speech coding apparatus according to a preferred 
embodiment of the present invention. 

Fi 9- 1 ( B ) is a Dloc k diagram showing a part of a construction of a speech coding apparatus according to a preferred 

embodiment of the present invention. 

Fig, 2 is a block diagram showing a first construction of a vector quantization portion applied to a parameter coding 
method according to a preferred embodiment of the present invention. 

Fig. 3 is a reference diagram for use in explaining a first example of a vector quantization method applied to a 
parameter coding method according to a preferred embodiment of the present invention. 

Fig. 4 is a reference diagram for use in explaining a second example of a vector quantization method applied to 
a parameter coding method according to a preferred embodiment of the present invention. 

Fig. 5 is a block diagram showing a second construction of a vector quantization portion applied to a parameter 
coding method according to a preferred embodiment of the present invention. 

Fig. 6 is a block diagram showing a third construction of a vector quantization portion applied to a parameter coding 
method according to a preferred embodiment of the present invention. 

Fig. 7 shows an example of a construction of the LSP codebook 37. 

Fig. B is a flow chart for use in explaining a multistage vector quantization method according to a preferred em- 
bodiment of the present invention. 

Fig. 9 shows the conversion of a reconstructed vector according to the preferred embodiment shown in Fig. 8. 

Fig. 10 is a block diagram showing a fourth construction of a vector quantization portion applied to a parameter 
coding method according to a preferred embodiment of the present invention. 

Fig. 11 shows an example of a construction of a vector quantization gain searching portion 65. 

Fig. 1 2 shows an example of the SN characteristics plotted against the transmission line error percentage in a 
speech coding apparatus according to the conventional art, and one according to a preferred embodiment of the present 
invention. 

Fig, 1 3 shows an example of a construction of a vector quantization codebook 31 . 

Fig. 14 shows an example of opinion values of decoded speech plotted against various evaluation conditions in a 
speech coding apparatus according to a preferred embodiment of the present invention. 

Fig. 1 5 is a block diagram showing a constructional example of a speech coding apparatus utilizing a conventional 
CELP coding method. 

Fig. 1 6 is a block diagram showing a constructional example of a speech coding apparatus utilizing the a conven- 
tional VSELP coding method. 

Fig. 17 is a block diagram showing a constructional example of a speech coding apparatus utilizing a conventional 
LD-CELP coding method. 

Fig. 1 8 is a block diagram showing a constructional example of a conventional vector quantization portion. 

Fig. 19 shows the existence region of a two-dimensional LSP parameter according to a conventional multistage 
vector quantization method. 

Fig. 20 is a flow chart for use in explaining a conventional multistage vector quantization method. 

Fig. 21 shows a reconstructed vector of a first stage, in the case where vector quantization of the LSP parameters 
shown in Fig. 19 is performed. 

Fig. 22 shows a vector to which a reconstructed vector of a second stage has been added, in the case where 
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vector quantization of the LSP parameters shown in Fig. 19 is performed. 
Detailed Description of the Preferred Embodiments 

5 In the following, a detailed description of the preferred embodiments will be given with reference to the figures. 

Figs. 1 (A) and (B) are block diagrams showing a construction of a speech coding apparatus according to a preferred 
embodiment of the present invention. An outline of a speech coding method will now be explained with reference to 
Figs. 1 (A) and 1 (B). The input speech data formed by sampling the analog speech signal at a sampling frequency of 
8 kHz is inputted from an input terminal 21. Eighty samples are then obtained as one frame in one vector and stored 

w in a buffer 22 as an input speech vector. The frame is then further divided into two subframes, each comprising a unit 
of forty samples. All processes following this will be conducted in frame units or subframe units. 

In a soft limiting portion 23, the magnitude of the input speech vector outputted from the buffer 22 is checked using 
a frame unit, and in the case where the absolute value of the magnitude of the input speech vector is greater than a 
previously set threshold value, compression is performed. Subsequently, in an LPC analyzing portion 24, linear pre- 

is diction analysis is performed and the LPC coefficients are calculated for the input speech data of the plurality of samples 
outputted from the soft limiting portion 23. Following this, in an LSP coefficient quantizing portion 25, the LPC coeffi- 
cients are quantized, and then set into a synthesis filter 26. 

A pitch period vector and a noise waveform vector selected by a distortion power calculating portion 35 are out- 
putted from an adaptive codebook searching portion 27 and a random codebook searching portion 28, respectively, 

"* and the noise waveform vector is then multiplied by the predicted gain set by to a gain adapting portion 29 in a predicted 
gain portion 30. 

In the gain adapting portion 29, linear prediction analysis is performed based on the power of the output vector 
from a vector quantization gain codebook 31 in the current frame operation, and the stored power of the output vector 
of the random codebook component of the vector quantization gain codebook 31 which was used in the previous frame 

2S operation. The power (namely the predicted gain) to be multiplied by the noise waveform vector selected in the sub- 
sequent frame operation is then calculated, determined and set into the predicted gain portion 30. 

Subsequently, the selected pitch period vector and the output vector of the predicted gain portion 30 is determined 
in the distortion power calculating portion 35, multiplied, in subgain codebooks 31a and 31 b of the vector quantization 
gain codebook 31, by the gains selected from these subgain codebooks 31a and 31b, and then outputted. In this 

30 manner, the output vectors of the subgain codebooks 31a and 31 b are summed in an adder 32, and the resultant output 
vector of the adder 32 is supplied as an excitation vector to the synthesis filter 26. The synthetic speech vector is then 
synthesized in the synthesis filter 26. 

Next, in a subtracter 33, the synthetic speech vector is subtracted from the input speech vector, and the distortion 
data is calculated. After this distortion data is weighted in a perceptual weighting filter 34 according to the coefficients 

35 corresponding to human perceptual characteristics, the power of the distortion data outputted from the perceptual 
weighting filter 34 is calculated in the distortion power calculating portion 35. Following this, the pitch period vector and 
noise waveform vector, which will minimize the aforementioned power of the distortion data, are selected respectively 
from the adaptive codebook searching portion 27 and the noise codebook searching portion 28, and the gains of the 
subgain codebooks 31a and 31b are then designated. In this manner, in a code outputting portion 36, the respective 
codes and gains selected according to the LPC coefficients, the pitch period vector and the noise waveform vector are 
then converted into codes of bit series, and when necessary, error correction codes are added and then transmitted. 
In addition, the local decoding portion LDEC, in order to prepare for the process of the subsequent frame in the coding 
apparatus of the present invention, uses the same data as that outputted and transmitted from each structural com- 
ponent shown in Fig. 1 to the decoding apparatus, and synthesizes a speech decoding vector. 

45 in the following, the operations of the LSP coefficient quantizing portion 25 will be explained in greater detail. In 

the LPC coefficients quantizing portion 25, the LPC coefficients obtained in the LPC analyzing portion 24 are first 
.converted to LSP parameters, quantized, and these quantized LSP parameters are then converted back into the LPC 
coefficients. The LPC coefficients obtained by means of this series of processes, are thus quantized; LPC coeffici nts 
may be converted into LSP parameters using, for example, the Newton-Raphson method. Since a short frame length 

50 of 10 ms and a high correlation between each frame, by utilizing these nature, a quantization of the LSP parameters 
is performed using a vector quantization method. In the present invention, the LSP parameters are represented by a 
weighted mean vector calculated from a plurality of vectors of past and current frames. In the conventional differential 
coding and prediction coding methods, the output vectors in the past frame operation are used without variation; how- 
ever, in th pres nt invention, among the vectors formed through calculation of the weighted mean, only vectors updated 

55 in the immediately preceding frame operation are used. Furthermore, in the present invention, among the vectors 
formed through calculation of the weighted mean, only vectors unaffected by coding errors and vectors in which coding 
errors have been detected and converted are used. In addition, the present invention is also characterized in that the 
ratio of the weighted mean is either selected or controlled. 
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Fig. 2 shows a first construction of a vector quantizing portion provided in the LPC coefficients quantizing portion 
25. An LSP codevector (k is the frame number), produced from a LSP codebook 37 in the frame operation imme- 
diately preceding the current frame operation, is multiplied in a multiplier 38 by a multiplication coefficient (1-g), and 
then supplied to one input terminal of an adder 39. A mark g represents a constant which is determined by the ratio of 
the weighted mean. 

An LSP codevector V k produced from the LSP codebook 37 in the current frame operation is supplied to each 
input terminal of a transfer switch 40. This transfer switch 40 is activated in response to the distortion calculation result 
by a distortion calculating portion 41 . The selected LSP codevector V k is first multiplied by the multiplication coefficient 
g in a multiplier 42, and then supplied to the other input terminal of the adder 39, In this manner, the output vectors of 
the multipliers 38 and 42 are summed in the adder 39, and the quantized LSP parameter vectorQ k of the frame number 
k is then outputted. Specifically, this LSP parameter vector n k may be expressed by the following formula (3). 

n k =0~9)V k .,+9V k (3) 

the frame number k before quantization and the LSP parameter vector n k of the frame number k following quantization, 
is calculated, and the transfer switch 40 is activated such that this distortion data is minimized. In this manner, the code 
for the LSP codevector V k selected by the distortion calculator 41 is outputted as a code S v Furthermore, the LSP 
codevector V k produced from the LSP codebook 37 in the current frame operation is employed in the subsequent frame 
operation as an LSP codevector V k . v which is produced from the LSP codebook 37 in the previous frame operation. 

In the following, an LSP parameter vector quantization method which uses the two LSP codevectors produced 
. respectively from two LSP codebopks in the two frames operation preceding the current frame operation, will now be 
explained with reference to Fig. 3. In this method, three types of codebooks 37, 43, and 44 are used corresponding to 
the frame number. The quantized LSP parameter vector n k may be calculated using a mean of three vectors in the 
frames in formula (4) below. 

v k . 2 + v k ., + v k 

u k~ 3 (4) 

An LSP codevector V k _ 2 represents the LSP codevector produced from the LSP codebook 43 in the two frame 
operations prior to the current frame operation, while an LSP codevector represents the LSP codevector produced 
from the LSP codebook 44 in the frame operation immediately preceding the current frame operation. As the LSP 
codevector V k in the operation of the frame k, an LSP codevector, which will minimize the distortion data between the 
LSP parameter vector Y k of the frame number k before quantization and the LSP parameter vector n k of the frame 
number k (the kth frame) following quantization, is selected from the LSP codebook 37. The code corresponding to 
the selected LSP codevector V k is then outputted as the code S1. The LSP codevector V k-1 may also be used in the 
subsequent frame operation, and similarly the LSP codevector V k may be used in the next two frame operations. In 
addition, although the LSP codevector V k may be determined at the kth frame operation, if this decision may be delayed, 
the quantization distortion can be reduced when this decision is delayed in consideration of the LSP parameter vectors 
Q k+1 and Q k+2 , appearing in the subsequent frame and two frame operations later. 

Another example of an LSP parameter vector quantization method which uses the two LSP coding vectors pro- 
duced respectively from two LSP codebooks in the two frame operations preceding the current frame operation, will 
now be explained with reference to Fig. 4. This vector quantization method is similar to the vector quantization method 
shown in Fig. 3, however, the quantized LSP parameter vector U k of the frame number k is expressed using the following 
formula (5). 

&k=— * (5) 

In this case, LSP coding vectors V k and U k are determined in the kth frame operation, and their codes are then 
transmitted. The LSP codevector U k is the output vector of an additional LSP codebook. 
55 Furth rmore, in the examples shown in Figs. 3 and 4 above, the codebooks 37, 43, and 44 are presented sepa- 

rately: however, it is also possible for these codebooks to be combined into one common codebook as well. Additionally, 
in the vector quantization methods shown in Figs. 2 through 4 above, the ideal LSP parameter vector ¥ k is previously 
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provided, and a method is employed which determines the LSP parameter vector CX k quantized using the mean cal- 
culat d in the parameter dimensions. However, in regard to the LSP parameters, there exists a method for determining 
the LSP parameters of the current frame by analyzing a plurality of times the distortion data outputted from an inverse 
filter, in which the LSP parameters determin d in a previous frame operation is set. In addition, in the parameter mean 
calculation method, the mean calculated from the coefficients of the polynomial expressions of the individual synthesis 
filters becomes the final synthesis filter coefficients. In the case of the methods following the multiple analysis, the 
product of the terms of the individual polynomial expressions becomes the final synthesis filter polynomial expression. 

In the following, a vector quantization method will be explained in which increases in the distortion, in particular 
from coding errors occurring in the transmission line, can be suppressed. In this vector quantization method, the LSP 
codevector is selected so that the distortion data between an expected value Q* k in the local decoding portion LDEC 
in consideration for a coding error rate, in stead of the output vector, the LSP parameter vector in Fig. 2, and the 
input vector, the LSP parameter vector x F k are minimized. This expected value Q* k may be estimated using formula 
(6) below. 

fl\ = (1-me)n /f +Xe£2 0 (6) 

In the formula (6), e represents the coding error rate in the transmission line (a 1 bit error rate), and m represents 
the transmission bit number per a vector). In addition, in the formula (6), Q e represents m types of vectors which ar 
outputted in the case where an error occurs in only one bit of m pieces of the transmission line codes corresponding 
to the LSP parameter vector Q k , and a second term of the righthand side of the equation represents the sum of these 
m types of vectors H e . 

In Fig. 5, a second construction of a vector quantization portion provided in the LPC coefficients quantizing portion 
25 is shown. In this Fig. 5, components which correspond to those shown in Fig. 2, will retain the original identifying 
numeral, and their description will not herein be repeated. In this vector quantization portion, a constant g determined 
from the ratio of the weighted mean is not fixed, rather a ratio constant is designated according to each LSP code 
V k stored in the LSP codebook 37. In Fig. 5, each LSP codevector V k outputted from the LSP codebook 37 is multiplied 

by the appropriate multiplication coefficient g 1f g 2 , g n .-|, g n in multipliers 45 v 45 2 45^, 45 n , into which each 

individual ratio constant g k (k=0, 1 , .... n) has been set, and then supplied to each input terminal of the transfer switch 46. 

The distortion calculating portion 41 is constructed in a manner such that the LSP codevector V k , which will minimize 
the distortion data between the quantized LSP parameter vector £l k outputted from the adder 39 and the LSP parameter 
vector v P k before quantization, are selected by transferring the transfer switch 46, and the corresponding multiplication 
coefficient g k are selected. In addition, the aforementioned construction is designed such that the ratio (1-g*) supplied 
to the multiplier 47 is interlocked and changed by means of the transfer switch 46. 

In this manner, the quantized LSP parameter vector Cl k may be expressed using the following formula (7). 

In formula (7), the multiplication coefficient g k is a scalar value corresponding to the LSP codevector howev r, 
it is also possible to assemble a plurality of the LSP codevectors as one group, and have this scalar value correspond 
to each of these types of groups. In addition, it is also possible to proceed in the opposite manner by setting the 
multiplication coefficient at each component of the LSP codevector. In either case, the LSP codevector produced 
from the LSP codebook 37 in the previous frame operation is given, and in order to minimize the distortion data between 
the quantized LSP parameter vector U k and the LSP parameter vector Y k before quantization, the most suitable com- 
bination of the ratio g k which is the ratio of the weighted mean between the LSP codevector V k produced from the LSP 
codebook 37 in the current frame operation and the LSP codevector V k-1 produced from the LSP codebook 44 in the 
previous frame operation, and the LSP codevector V k , is selected. 

Fig. 6 shows a third construction of a vector quantization portion provided in the LSP coefficient quantizing portion 
25. In this Fig. 6, components which correspond to those shown in Fig. 2, will retain the original identifying numeral, 
and their description will not herein be repeated. The vector quantization portion shown in Fig. 6 is characterized in 
that the ratio value of a plurality of different types of weighted means is set independently from the LSP codevectors. 
The LSP codevector V k _., produced from the LSP codebook 37 in the frame operation immediately prior to the current 
frame operation, is multiplied, in multipliers 47 and 48, by the multiplication coefficients (1-g^ and (1-g 2 ) respectively, 
and then supplied to the input terminals T a and T b of a transfer switch 49. The transfer switch 49 is activated in response 
to the distortion calculation resulting by the distortion calculating portion 41 , and the output vector from ither multiplier 
47 or 48 is selected, and supplied to one input terminal of the adder 39 via a common terminal T c . On the other hand, 
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an LSP codevector V k produced from the LSP codebook 37 in the current frame operation, is supplied to each input 
terminal of the transfer switch 40. The transfer switch 40 is activated in the same manner as the transfer switch 49- in 
response to the distortion calculation result by the distortion calculator 41 . In this manner, the selected LSP codevector 
V k is multiplied, in multipliers 50 and 51 , by multiplication coefficients 9l and g 2 respectively, and then supplied to input 
terminals T a and T b of a transfer switch 52. The transfer switch 52 is activated in the same manner as the transfer 
switches 40 and 49, in response to the distortion calculation result by the distortion calculator 41 , and the output vector 
from either multiplier 50 or 51 is selected, and supplied to one input terminal of the adder via the common terminal T 
In this manner, the output vectors of the transfer switches 49 and 52 are summed in the adder 39, and the quantized 
LSP parameter vector Q k of the frame number k is then outputted. Specifically, this LSP parameter vector n k may be 
expressed by the following formula (8). In the formula (8), m is 1 or 2. 

n k =V-9 m )V k _,+g m V k (8) 



Subsequently, the distortion data between the LSP parameter vector % of the frame number k before Quantization ! 

, „_ K w , M(- ,,^ Jllw ^ Qltol H uauiu.auuii aits ucuuuiaiea in ine aisionion calculating 

portion 41 , and the transfer switches 49 and 52 are activated in a manner such that this distortion data is minimized 
As a result, as the code S1 , the code of the selected LSP codevector V k , and the selection information S2 indicating 
which the output vectors from each of the multipliers 47 and 48, and 50 and 51 will be used, are outputted from the 
distortion calculating portion 41. 

• Furthermore, in order to reduce the storage capacity of the LSP codebook 37, the LSP codevector V k is expressed 
as the sum of two vectors. For example, as shown in Fig. 7, the LSP codebook 37 is formed from a first stage LSP 
codebook 37a, in which 10 vectors E, have been stored, and a second stage LSP codebook 37bl, which comprises 
two separate LSP codebooks each storing five vectors, a second stage low order LSP codebook 37b1 and a second 
stage high order LSP codebook 37b2. The LSP codevector V k may be expressed using the following formulae (9) and 

When f<5, 



V k= E 1n + E L2f (9) 



When f^5, 



V k= E ln + E H2f (10) 

In the formulae (9) and (10), an E 1n is an output vector of the first stage LSP codebook 25a, and n is 1 through 
128. In other words, 128 output vectors E t are stored in the first stage LSP codebook 25a. In addition, an E,* is an 
output vector of the second stage low order LSP codebook 37b1 and an E H2f is an output vector of the second staqe 
high order LSP codebook 37b2. 

The vector quantization method (not shown in the Figs.) used in this vector quantization portion reduces the effects 
of coding errors in the case where these errors are detected in the decoding portion. Similar to the vector quantization 
portion shown in Fig. 2, this method calculates, in the coding portion, the LSP vector V k which will minimize the distortion 
data. However, in the case where coding errors are detected or highly probable in either LSP codevector V k in the 
previous frame operation in the decoding portion, or LSP codevector V k in the current frame operation, only in the 
decoding portion, this method calculates an output vector by reducing the ratio of the weighted mean of the LSP vectors 
incorporating the errors. 

In this variation, for example, in the case where a transmission line error is detected in the frame operation imme- 
diately preceding the current frame operation, information from the previous frame is completely disregarded, and the 
quantized LSP parameter vector Cl k is expressed by the following formula (11 ). 

n * =V 0r (11) 

Alt rnatively, the LSP parameter vector Q k may be expressed by formula (1 2) in order to reduce th effects of the 
transmission line errors from the previous frame. 
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fi k=( 1 -V^te) v/ k-i + v^fe v k- * *< 12) 

In the following, the procedures of the vector quantization portion shown in Fig. 6 will be explained with reference 
to the flow chart shown in Fig. 8. In step SB1 , the distortion calculating portion 41 selects a plurality of the output vectors 
E-, n similar to the LSP parameter vector *F k from the first stage LSP codebook 37a, by means of appropriately activating 
the transfer switch 40. In subsequent step SB2 ( the distortion calculating portion 41 respectively adds to each of the 
selected high and low order output vectors E 1n , the output vectors E^, and E H2f selected respectively from the second 
stage low order LSP codebook 37b1 and the second stage high order LSP codebook 37b2 of the second stage code- 
book 37b, and produces the LSP codevector V k . The system then proceeds to step SB3. 

In step SB3, the distortion calculating portion 41 judges whether or not the LSP codevector V k obtained in step 
SB2 is stable. This judgment is performed in order to stabilize and activate the synthesis filter 26 (see Fig. 1 ) in which 
the aforementioned LSP codevector V k is set. Thus in order to stabilize and activate the synthesis filter 26, the values 
of the LSP parameters through co p forming p number of the LSP codevectors V k must satisfy the relationship shown 
in the aforementioned formula (2). 

When an unstable situation exists (see a code P in Fig. 9) because the values of the LSP parameters co, through 
<D p do not satisfy the relationship shown in formula (2), the distortion calculating portion 41 converts the output vector 
P into a new output vector P1 , which is symmetrical in relation to the broken line L1 shown in Fig. 9 in order to achieve 
a stable situation. 

• Subsequently, the LSP codevector V k , which is either stable or has been converted so as to stabilize, is multiplied 
respectively, in the multipliers 50 and 51 , by the multiplication coefficients and g 2 . The output vector of either multiplier 
50 or 51 is then supplied to the other input terminal of the adder 39 via the transfer switch 52. On the other hand, th 
LSP codevector V k . 1 produced from the LSP codebook 37 in the frame operation immediately prior to the current frame 
operation, is multiplied, in the multipliers 47 and 48, by the multiplication coefficients (1-gO and (1-g 2 ) respectively, 
and the output vector of either multiplier 47 or 48 is then supplied to one input terminal of the adder 39 via the transfer 
switch 49. In this manner, in the adder 39, the weighted mean of the output vectors of the transfer switches 49 and 52 
are calculated, and the LSP parameter vector Cl k is outputted. 

In step SB4, the distortion calculator 41 calculates the distortion data between the LSP parameter vector T k and 
the LSP parameter vector and the process moves to step SB5. In step SB5, the distortion calculating portion 41 
judge whether or not the distortion data calculated in step SB4 is at a minimum. In the case where this judgment is 
"NO", the distortion calculating portion 41 activates either transfer switch 49 or 51 , returning the process to step SB2. 
The aforementioned steps SB2 to SB5 are then repeated in regard to the plurality of output vectors E 1n selected in 
step SB1. When the distortion data calculated in step SB4 reaches a minimum, the judgment in step SB5 becomes 
"YES", and, as a result, the distortion calculating portion 41 determines the LSP codevector V k , outputs this code as 
the code S 1 , outputs the selection information S 2 , and transmits them respectively to the decoding portion in the vector 
quantization portion. The decoding portion comprises the LSP codebook 37 and the transfer switches 40, 49 and 52 
shown in Fig. 6. 

Proceeding to step SB6, the decoding. portion activates the transfer switch 40 based on the transmitted code S,, 
and selects the output vector E 1n from the first stage codebook 37a. The process then moves to step SB7. In step 
SB7, the decoding portion activates the transfer switch 40 based on the transmitted selection information S 2 to respec- 
tively select the output vectors E^f and E H2f from the second stage low order LSP codebook 37b1 and the second 
stage high order LSP codebook 37b2 of the second stage codebook 37b, adds them to respectively the high and low 
order of the selected output vectors E 1n , and thereby produces the LSP codevector V k . The system then proceeds to 
step SB8. in step SB8, the decoding portion judges whether or not the LSP codevector V k obtained in step SB7 is 
stable. When the decoding portion judges that the LSP codevector V k is unstable, as in step SB3 above, it converts 
the output vector P into a new output vector P1, which is symmetrical in relation to the broken line L1 shown in Fig. 9 
in order to achieve a stable situation. In this manner, the LSP codevector V k , which is either stable or has been converted 
so as to stabilize, may be used in the subsequent frame operation as the LSP codevector V k . v 

The multistage vector quantization method shown above in Fig. 6 is characterized in that when the output vectors 
^L2f ar| d ^H2f selected respectively from the second stage low order LSP codebook 37b1 and the second stage high 
order LSP codebook 37b2 of the second stage codebook 37b, are summed, in the case where an unstable output 
vector is present, the output. position is shifted, and the output vector P is converted into the output vector P1 , which 
is symmetrical in relation to the broken line L1 shown in Fig. 9. in Fig. 22, the diagonal line represents the set of values 
at which the LSP parameters © t and g> 2 are equal. Thus, changing the output position to one that is symmetrical 
around brok n line L1 , which lies parallel to the aforementioned diagonal line, changes the order of the LSP parameter 
(o, and broadens the interval of adjacent LSP parameters. 

In addition, in the aforementioned multistage vector quantization method, it is important to perform necessary 
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conversions before calculating the distortion data, and to carry out these conversions in the exact same order in both 
the coding and decoding portions. As well, when learning the LSP codebook 37, it is also necessary to perform calcu- 
lations for the distance and center of gravity taking into account the above conversions. 

Furthermore, in the aforementioned multistage vector quantization method, a two-stage example of the LSP code- 
book 37 is given, however, it also possible to apply a three-stage LSP codebook 37 in which the stable/unstable judg- 
ment is performed in the final stage. In addition, it is possible to perform the judgment in every stage following the first 
stage as well. The first stage is always stable, thus it is unnecessary to perform the above stable/unstable judgment 
in this stage. 

Fig. 10 shows a fourth construction of a vector quantization portion provided in the LSP coefficient quantizing 
portion 25. In this Fig. 10, components which correspond to those shown in Fig. 6, will retain the original identifying 
numeral, and their description will not herein be repeated. Adders 53 to 55, multipliers 56 to 61 and transfer switches 
62 to 64 comprise the same functions as the adder 39, the multiplier 47 and the transfer switch 49, respectively. The 
vector quantization portion shown in Fig. 10, calculates the LSP parameter. vector expressed in formula (1 3), using 
the weighted means of a plurality of the past LSP codevectors V k _ 4 to V k>1 and the current LSP codevector V k . 

"* = 94m V *4 + %m V M + 92m V k-2 + 01m + 9 m V k (13) 

In the formula (1 3), to g m are the constants of the weighted means, and m is 1 or 2. 
Furthermore, the operations of the vector quantization portion shown in Fig. 10, are similar to the operations of 
the vector quantization portion shown in Fig. 6, thus the corresponding description will be omitted. Additionally, the 
vector quantization portion shown in Fig. 1 0 utilizes the LSP coding vectors extending back four frame operations prior 
to the current frame operation, however, use of the LSP codevectors from the past f rames is not in particular limited. 

Next, a vector quantization gain searching portion 65 comprising the gain adapting portion 29, the predicted gain 
portion 30, and the vector quantization gain codebook 31, shown in Fig. 1, will be described. Fig. 11 shows a detailed 
block diagram of the vector quantization gain searching portion 65. In the gain adapting portion 29, the linear prediction 
analysis is carried out for the power of the output vector from the vector quantization gain codebook 31 at the present 
operation, and for the power of the output vector of random codebook component from the vector quantization gain 
codebook 31, which is used in the past operation and is stored in the vector quantization gain codebook 31. Then, in 
30 the gain adapting portion 29, the predicted gain by which the noise waveform vector which will be selected at a next 
frame operation, will multiply, is calculated and decided, and the decided predicted gain is set in the gain adapting 
portion 30. 

In the vector quantization gain codebook 31 is divided into subgain codebooks 31a and 31 b to increase the quan- 
tization efficiency by the vector quantization and to decrease the effect on the decoded speech in the case where the 
error of the gain code is occurred in a transmission line. The pitch period outputted from the adaptive codebook search- 
ing portion 27, is supplied to the subgain codebooks 31a and 31b in block of one-half, respectively, and the half of the 
output vector from the predicted gain portion 30 is supplied to the subgain codebooks 31a and 31b in block of one- 
half, respectively. The gain multiplied by each of the vectors is selected as a block by the distortion power calculating 
portion 35 shown in Fig. 1 so that the distortion data that is the difference between an input speech vector and a 
synthesized speech vector, is minimized as a whole. By dividing the vector quantization gain codebook 31 as described 
above, even if the error of either of the gain codes occurs in the transmission line, it is possible to supplement the error 
of one gain code with the other gain code. Accordingly, it is possible to decrease the effect of the error in the transmission 
line. Fig. 1 2 shows an example of signal-to-noise ratio (SNR) characteristics for the transmission error rate in the case 
of representing the gain by which the pitch period vector and the noise waveform vector is multiplied, respectively, by 
the output, vector from the conventional gain codebook, and the case of representing one by the sum of the output 
vectors from two subgain codebooks. In Fig. 1 2, a curve a shows the SNR characteristics according to the conventional 
gain codebook, and a curve b shows one according to the subgain codebooks of this embodiment of the present 
invention. As shown in Fig. 12, it is obvious that the technique of the representation of the gain by the sum of output 
vectors from two subcodebooks has a grater tolerance of transmission errors. 

As a countermeasure in case of the occurrence of the transmission error of the gain code in the transmission line, 
the vector quantization gain codebook 31 is composed of the subgain codebooks 31a and 31b serially connected as 
shown in Fig. 13. The gain by which the pitch period vector is multiplied is selected from {g^, g p1 , ... ,g pM }. On the 
other hand, the gain by which the output vector of the predicted gain portion 30 is multiplied is selected from {g^, 
9d. 9cm)- Bv tne construction of the subgain codebooks 31a and 31b as described above, even if there is a trans- 
mission error of the gain code of the output vector from the predicted gain portion 30 in the transmission line, the gain 
code of the pitch period vector is not at all affected by the transmission error of the gain code of the output vector from- 
the predicted gain portion 30. In contrast, in the case where a transmission error of the gain code of the pitch period 
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vector occurs in the transmission line, the transmission error of the gain code of the output vector from the pr dieted 
gain portion 30 also occurs. However, by appropriately arranging the gain codes of these gains, it is possible to decrease 
the effect of the transmission error of the gain code in the transmission line. 

Next, a pre-sel ction carried out in the adaptive codebook searching portion 27 and the random codebook search- 
ing portion 28, will be described. In the adaptive codebook searching portion 27 and the random codebook searching 
portion 28, the pitch period vector and the noise waveform vector are respectively selected from among a plurality of 
the pitch period vectors and a plurality of the noise waveform vectors respectively stored in the adaptive codebook 27 
and the random codebook 28 so that the power of the distortion d' represented by the formula (14), is minimized. 

d'=\X r g'Hvf (14) 

In the formula (14), X T represents a target input speech vector used when the optimum vector is searched in the 
adaptive codebook searching portion 27 and the random codebook searching portion 28. The target input speech 
vector X T is obtained by subtracting a zero input response vector X z of the decoded speech vector which is decoded 
in the previous frame operation and is perceptually weighted in the perceptual weighting filter 34, from the input speech 
vector X w perceptually weighted in the perceptual weighting filter 34 as shown in formula (1 5). The zero input response 
vector X 2 is the component of the decoded speech vector operated until one frame before the current frame that affects 
the current frame, and is obtained by inputting a vector comprising a zero sequence into the synthesis filter 26. 

Xt=X w -X z (15) 

Furthermore, in the formula (14), V'j (i=1,2, N; N denotes the a codebook size) is the pitch period vector or the 
noise waveform vector selected from the adaptive codebook 66 or the random codebook 67, and g' is the gain set in 
the subgain codebook 31 a or 31 b of the vector quantization gain codebook 31 shown in Fig. 1 , H is the above-mentioned 
impulse response coefficient, and HVj is the synthesis speech vector. 

In order to search the optimum pitch period vector or noise waveform vector V opt for the target input speech vector 
X T , as described above, the calculation of the formula (1 4) must be carried out with respect to the entirety of the vector 
V'j. Accordingly, computational complexity increases enormously. Consequently, it is necessary to decrease compu- 
tational complexity in order to carry out the above-mentioned calculations due to hardware considerations. In particular, 
since a filtering calculation of the synthesis speech vector HV'j comprises most of the calculation, a decrease of the 
filtering time leads to a decrease in the overall computational complexity in each of the searching portions. 

Therefore, the pre-selection as described below, is carried out to decrease the filtering time. Initially, the above- 
mentioned formula (14) can be expanded to the formula as shown in formula (16). 

d'= ixfag'x/HVrfg'Hvf (16) 

In the second term of the formula (16), in the case where a correlation value between the target input speech 
vector X x and the synthesis speech vector HVj is large, the total distortion d* becomes small. Accordingly, the vector 
is selected from each of the codebooks based on this correlation value X T T HV'i. The distortion d' is not calculated 
for the entire vector Vj stored in each of codebooks, but only the correlation value is calculated for the entire vector 
V'j and the distortion d* is calculated for only the vector Vj having the large correlation value X T T HV(. 

In the calculation of the correlation value X T T HVj, generally, after the synthesis speech vector HV is calculated, 
the correlation calculation between the target input speech vector X T and .the synthesis speech vector HV is carried 
out. However, in the calculating method as described above, the N times of the filtering calculation and the N times of 
preforming the correlation calculation are necessary for the calculation of the synthesis speech vector HV because 
the number of the vector Vj is equal to the codebook size N. 

In this embodiment, a backward filtering disclosed in "Fast CELP Coding based on algebraic codes", Proc. ICAS- 
SP'87, pp. 1957-1960, J.P. Adoul, et al., is used. In this backward filtering, in the calculation of the correlation value 
X X T H V jt X T T H is initially calculated and (X T T H)V is calculated. By using this calculating method, the correlation value 
X T T H Vj is obtained by filtering one time and performing the correlation calculation N times. Then, the arbitrary numbers 
of the vector Vj having the large correlation value X T T HVj are selected and the filtering of the synthesis speech vector 
HVj may be calculated only for the selected arbitrary number of the vector Vj. Consequently, it is possible to greatly 
decrease the computational complexity. 

Next, the speech coding apparatus shown in Fig. 1 will be further explained. The adaptive codebook searching 
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portion 37 comprises the adaptive codebook 66 and the pre-selecting portion 68. In the adaptive codebook searching 
portion 37, the past waveform vector (pitch period vector) which is most suitable for the waveform of the current frame, 
is searched as a unit of a subf rame. Each of the pitch period vectors stored in the adaptive codebook 66, is obtained 
by passing the decoded speech vector through a reverse filter. The coefficient of the reverse filter is the quantized 

s coefficient, and the output vector from the reverse filter is the residual waveform vector of the decoded speech vector. 
In the pre-selecting portion 68, the pre-selection of a prospect of the pitch period vector (hereafter referred to as a pitch 
prospect) to be selected is carried out twice. By performing the pre-selection twice, M pieces (for example, 16 pieces) 
of the pitch prospects, are finally selected. Next, the optimum pitch prospect among the pitch prospects selected in 
the pre-selecting portion 68, is decided as the pitch period vector to be outputted. When the optimum gain g' is set as 

10 shown a formula (17), the above-mentioned formula (16) can be modified as shown a formula (18). 



X T T HP d 

07) 

is 

d -\ x i 2 - {X ! < 18 > 

- - Then, what the pitch prospect that the smallest distortion d' can be obtained is searched is equal to what the pitch 
prospect that the second term of the formula (1 8) is maximized is searched. Accordingly, the second term of the formula 
(18) is respectively calculated for the M pieces of the pitch prospect selected in the pre-selecting portion 68, and the 
pitch prospect which the calculating result is maximized, is decided as the pitch period vector HP to be outputted. 

25 The random codebook searching portion 28 comprises a random codebook 67, and pre-selecting portions 69 and 

70. In the random codebook searching portion 28, a waveform vector (a noise waveform vector) which is most suitable 
for the waveform of the current frame, is searched for among a plurality of the noise waveform vectors stored in the 
random codebook 67 as a unit of a subf rame. The random codebook 67 comprises subcodebooks 67a and 67b. In the 
subcodebooks 67a and 67b, a plurality of excitation vectors are stored, respectively. The noise waveform vector C d is 

30 represented by the sum of two excitation vectors as shown in formula (19). 
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C cT Q V C sub^p +Q 2 tC subzq ( 19) 

In the formula (1 9), C sub1p and C sub2q are the excitation vectors stored in the subcodebooks 67a and 67b, respec- 
tively, and 6, and 8 2 are the positive or negative of the excitation vectors C sub1p and C sub2q , d=1~12B, p=1~128, 
q=1~128. 

As described above, by representing one noise waveform vector C d by two excitation vectors C sub1p and C sub2q , 
and by transmitting the codes corresponding to two excitation vectors C^^p and c sub2q as a cocle °* bit series . even 
if the error of either of these codes occurs in the transmission line, it is possible to decrease the effect by the error in 
the transmission line by using the other code. 

Furthermore, in this embodiment, the excitation vectors C sub1p and C sub2q is represented by 7 bits, and the signs 
6 ! and 6 2 is represented by 1 bit. If the noise waveform vector C d is represented by a single vector as in the conventional 
art, the excitation vectors C sub1p and C sub2q will be represented by 15 bits, and the signs and 9 2 will be represented 
by 1 bit. Accordingly, because a large amount of memory is required for the random codebook, the codebook size is 
too large. However, as this embodiment, since the noise waveform vector C d is represented by the sum of the two 
excitation vectors C sub1 p and C sub2q , the codebook size of the random codebook 67 can be greatly decreased compared 
with that of the conventional art. Consequently, it is able to learn and obtain the noise waveform vectors C d to be stored 
in the random codebook 67 by using a speech data base in which a plurality of actual speech vectors are stored so 
that the noise waveform vectors C d match the actual speech vectors. 

In the pre-selecting portions 69 and 70, in order to select the noise waveform vector C d which is most suitable to 
the target input speech vector X T , the excitation vectors C sub1p and C sub2q are respectively pre-selected from the 
subcodebooks 67a and 67b. In other words, the correlation value between the excitation vectors C sublp and C sub2q 
and the target input speech vector X T are respectively calculated and the pre-selection of a prospect of the noise 
wav form vector C d (hereafter referred to as a random prospect) to be selected, is carried out. The noise waveform 
vector is searched for by orthogonalizing each of the random prospects against the searched pitch period vector HP 
to increase quantization efficiency. The orthogonalized noise waveform vector [HC d ] against the pitch period vector 



16 



EP 0 577 488 B1 

HP is represented by formula (20). 

(HC d ) T HP 

(HC d ) = lfC d -^ a J—— HP . .. (20) 

\HP\ 2 

Next, the correction value X T T [HCJ between this orthogonatized noise waveform vector [HC d ] and the target input 
speech vector X T T is represented by formula (21). 

t T [HC d ) T HP 

\HP\ 2 1 

Next, the pre-selection of the random prospect is carried out using the correlation value X T T [HCJ . In the formula 
(21), the numerator term (HC d ) T HP of the second term is equivalent to (HP) T HC d . Accordingly, the above-mentioned 
backward filtering is applied to the first term X T T HC d of the formula (21) and (HP) T HC d . Since the noise waveform 
-vector C d is the sum of the excitation vectors C sub1p and C sub2q , the correlation value X T T [HCJ is represented by 
formula (22). 



M re d)'M'' c a Mp) + M»W' • • < 22 > 

Accordingly, the calculation shown by the formula (22) is carried out respectively for the excitation vectors C sub1p 
and C sub2q and the M pieces of the calculated correlation values whose value is large among these are respectively 
selected. Next, the random prospects comprising the most suitable combination are respectively chosen as a noise 
waveform vector to be outputted among each of the M pieces of the excitation vectors C sub1p and C sub2q selected in 
the pre-selecting portion 69 and 70. In the same way as the above-mentioned technique of choosing the optimum 
prospect of the pitch period prospect, the combination of the excitation vectors C sub1p and C 6Ub2q which the second 
term of the formula (23) representing the distortion d M calculated using the target input speech vector X T and the random 
prospect, is searched for. 

d .. = |x| 2_M^£... (23) 

' IC HC «)I 

Since the M pi eces of the excitation vectors p and C sub2q are respectively selected from each of the subcode- 
books 67a and 67b by using the above-mentioned pre-selection, the calculation shown by the formula (23) may be 
carried out M 2 times on the whole. 

As described above, in this embodiment, the M pieces of the excitation vectors C sub1p and C sub2q are respectively 
pre-selected in the pre-selecting portions 69 and 70 and the optimum combination is selected among the M pieces of 
the pre-selected excitation vectors C sub1p and C sub2q( it is possible to further increase tolerance to the transmission 
error. As mentioned before, because one noise waveform vector C d is represented by the two excitation vectors C sub1 p 
and C sub2q , even if the error of either of the codes respectively corresponding to the excitation vectors C sub1p and 
C sub2q occurs in the transmission line, it is possible to compensate for the transmission error of one code with the other 
code. In addition, the excitation vectors C sub1p and C sub2q having the high correlation with the target input speech 
vector are pre-selected by the pre-selection and then the optimum combination of the excitation vectors C sub1p and 
C sub2q is chosen as the noise waveform vector to be outputted, the noise waveform vector in which the transmission 
error has not occurred has a high correlation with the target input speech vector X T T . Consequently, in comparison 
with not carrying out the pre-selection, it is possible to decrease the effects of the transmission errors. 

Fig. 14 shows a result in which the speech quality of the decoded speech was estimated by an opinion test in the 
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case where the speech data are respectively coded and transmitted by the speech coding apparatus according to the 
conventional art and the present invention and are decoded by the speech decoding apparatus. In Fig. 14, the speech 
quality of the decoded speech is depicted when the level of an input speech data in the speech coding apparatus is 
respectively set at 3 stages (A: large level, B: medium level, C: small level) in the case where transmission error has 

5 not occurred and the speech quality (see the mark D) of the decoded speech in the case where a random error ratio 
is 0. 1 %. In Fig. 1 4, oblique lined blocks show the result according to the conventional adaptive differential pulse coding 
modulation (ADPCM) method, crosshatched blocks show the result according to this embodiment of the present in- 
vention. According to Fig. 1 4, it is obvious that the speech quality of the decoded speech which is equal to one according 
to the ADPCM method is obtained regardless of the level of the input speech data in the case where transmission error 

10 has not occurred, and the speech quality of the decoded speech is better than one according to the ADPCM method 
in the case where transmission error has occurred. Consequently, the speech coding apparatus according to this 
embodiment is robust with respect to transmission errors. 

As described above, according to the above-mentioned embodiment, it is possible to realize the coding and de- 
coding of speech at 8 kb/s, speech coding with high speech quality of the decoded speech, which is equal to one of 

is the decoded speech according to 32 kb/s ADPCM which is an international standard. Furthermore, according to this 

speech without the effect of the bit error. 

The embodiment of the present invention has to this point been explained in detail with reference to the figures; 
however, the concrete construction of the present invention is not limited to this embodiment. The present invention 
" n includes modifications and the like which fall within the present invention as claimed. 



Claims 

1 . A speech coding method comprising at least four flows of steps; a first flow comprising: 

a first step (22) for fanning a vector from speech signals comprising a plurality of samples as a unit of frame 
operation, and storing said vector as a speech input vector; 

a second step (23) for sequentially checking, one frame at a time, the amplitude of each speech input vector, 
and compressing said amplitude when the absolute value of said amplitude exceeds a predetermined value; 
a third step (24) for conducting linear prediction analysis and calculating an LPC coefficient for each speech 
input vector outputted by means of said second step; 

a fourth step for converting each LPC coefficient calculated in said third step into an LSP parameter; 
a fifth step for quantizing said LSP parameter by means of using a vector quantizing process; 
a sixth step for converting said quantized LSP parameter into a quantized LPC coefficient; 
a seventh step (26) for synthesizing a synthetic speech vector based on a driving vector supplied from the 
exterior, and said quantized LPC coefficient; 

an eighth step (33) for calculating distortion data by means of subtracting said synthetic speech vector out- 
putted by means of said seventh step from said speech input vector outputted by means of said second step; 
a ninth step (34) for weighting said distortion data calculated by means of said eighth step; and 
a tenth step (35) for calculating the distortion power of said distortion data with regard to each distortion data 
weighted by means of said ninth step; 

a second flow comprising: 

45 

an eleventh step (27) for selecting one pitch period vector from among a plurality of pitch period vectors; 
a twelfth step (28) for selecting one noise waveform vector from among a plurality of noise waveform vectors; 
a thirteenth step (29) for calculating a prediction gain for each noise waveform vector selected by means of 
said twelfth step; 

50 a fourteenth step (30) for multiplying said prediction gain calculated by means of said thirteenth step by said 

noise waveform vector selected by means of said twelfth step; 

a fifteenth step (31) for respectively multiplying a gain selected from among a plurality of gains by said pitch 
period vector selected by means of said eleventh step, and an output vector of said fourteenth step; and 
a sixteenth step (32) for adding two multiplication results obtained by means of said fifteenth step, and sup- 
55 plying said addition result to said seventh step as said driving vectors; 

a third flow for selecting a value which will minimize said distortion power calculated by means of said tenth 
step when selecting a pitch period vector according to said eleventh step, selecting a noise waveform vector 
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according to said twelfth step, and selecting a gain according to said fifte nth step; and 

a fourth flow (36) for encoding processed information obtained by means of said structural means into bit 

series, adding as necessary error correctional coding, and then transmitting said encoded bit series ; 

wherein said LSP parameter quantized by means of said fifth step is expressed by means of a weighted 
mean vector of a plurality of vectors from the current frame operation and previous frame operations. 

A speech coding method in accordance with claim 1, wherein said fifth step comprises : 

a first substep for selecting one vector from among a plurality of vectors stored in a predetermined vector 
storing means (37); 

a second substep for multiplying a ratio constant (g) of a weighted mean by said vector selected by means of 
said first substep; 

a third substep for multiplying a ratio constant (1 - g) of a weighted mean by said vector selected by means 
of said first substep during processing of the frame immediately preceding (one frame previous to) the current 
frame operation; 

a fourth substep for obtaining said quantized LSP parameter (Clk) by means of adding an output vector of said 
second substep and an output vector of said third substep; 

a fifth substep for calculating the distortion data between an LSP parameter (yk) before quantization and said 
quantized LSP parameter (C2k); 

a sixth substep for selecting a vector which will minimize the distortion data calculated by means of said fifth 
substep at the time when selecting a vector according to said first substep; and 

a seventh substep for supplying identification information (S1) of a vector selected according to said first 
substep as said processed information to said fourth flow. 

A speech coding method in accordance with claim 1 , wherein said fifth step comprises: 

a first substep for selecting one vector from among a plurality of vectors stored in a predetermined vector 
storing means; 

a second substep for obtaining the sum of vectors processed from the current frame operation to a frame 
operation n frames previous to the current frame operation for each vector selected according to said first 
substep; 

a third substep for obtaining said quantized LSP parameter by means of dividing an output vector of said 
second substep by n + 1; 

a fourth substep for calculating the distortion data between an LSP parameter before quantization and said 
quantized LSP parameter; 

a fifth substep for selecting a vector which will minimize the distortion data calculated by means of said fourth 
substep at the time when selecting a vector according to said first substep; and 

a sixth substep for supplying identification information of a vector selected according to said first substep as 
said processed information to said fourth flow. 

A speech coding method in accordance with claim 1 , wherein said fifth step comprises: 

a first substep for selecting one vector from among a plurality of vectors stored in a predetermined vector 
storing means; 

a second substep for selecting one vector from among a plurality of vectors stored in a separate vector storing 
means; 

a third substep for obtaining the sum of vectors processed from the current frame operation to a frame operation 
n frames previous to the current frame operation for each vector selected according to said first substep; 
a fourth substep for adding an output vector of said third substep and said vector selected by means of said 
second substep; 

a fifth substep for obtaining said quantized LSP parameter by means of dividing said output vector of said 
fourth substep by n + 2; 

a sixth substep for calculating the distortion data between an LSP parameter before quantization and said 
quantized LSP parameter; 

a seventh substep for selecting a vector which will minimize the distortion data calculated by means of said 
sixth substep at the time when selecting vectors according to said first substep and said second substep; and 
an eighth substep for supplying identification information of vectors selected according to said first substep 
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and said second substep as said processed information to said fourth flow. 

A speech coding method in accordance with claim 1, wherein said fifth step comprises: 

a first substep for multiplying a ratio constant (gk) of a weighted mean by each vector stor d in a predetermined 
vector storing means (37); 

a second substep for selecting one vector from among said multiplied vectors; 

a third substep for multiplying a ratio constant (1 - gk) of a weighted mean by said vector selected according 
to said second substep during processing of the frame immediately preceding (one frame previous to) the 
current frame operation ; 

a fourth substep for obtaining said quantized LSP parameter (Qk) by means of adding an output vector of said 
second substep and an output vector of said third substep; 

a fifth substep for calculating the distortion data between an LSP parameter fFk) before quantization and said 
quantized LSP parameter (Ok); 

a sixth substep for selecting a vector which will minimize the distortion data calculated by means of said fifth 

a seventh substep for supplying identification information (S1) of a vector selected according to said second 
substep as said processed information to said fourth flow. 

A speech coding method in accordance with claim 1, wherein said fifth step comprises: 

a first substep for selecting one vector from among a plurality of vectors stored in a predetermined vector 
storing means (37); 

a second substep for multiplying a ratio constant (g1) of a first weighted mean by said vector selected by 
means of said first substep; 

a third substep for multiplying a ratio constant (g2) of a second weighted mean by said vector selected by 
means of said first substep; 

a fourth substep for selecting one vector from among an output vector of said second substep and an output 
vector of said third substep; 

a fifth substep for multiplying a ratio constant (1 - g1) of a third weighted mean by said vector selected by 
means of said first substep during processing of the frame immediately preceding (one frame previous to) the 
current frame operation; 

a sixth substep for multiplying a ratio constant (1 - g2) of a fourth weighted mean by said vector selected by 
means of said first substep during processing of the frame immediately preceding (one frame previous to) the 
current frame operation; 

a seventh substep for selecting one vector from among an output vector of said fifth substep and an output 
vector of said sixth substep; 

an eighth substep for obtaining said quantized LSP parameter (£2k) by means of adding an output vector of 
said fourth substep and an output vector of said seventh substep; 

a ninth substep for calculating the distortion data between an LSP parameter pFk) before quantization and 
said quantized LSP parameter (Qk); 

a tenth substep for selecting a vector which will minimize the distortion data calculated by means of said ninth 
substep at the time when selecting a vector according to said first substep, said fourth substep and said seventh 
substep; and 

an eleventh substep for supplying identification information (S 1 , S2) of a vector selected according to said first 
substep, said fourth substep and said seventh substep as said processed information to said fourth flow. 

A speech coding method in accordance with claim 1, wherein said fifth step comprises: 

a first substep for selecting one vector from among a plurality of vectors stored in a predetermined vector 
storing means (37); 

a second substep for multiplying a ratio constant (g1) of a first weighted mean by said vector selected by 
means of said first substep; 

a third substep for multiplying a ratio constant (g2) of a second weighted mean by said vector selected by 
means of said first substep; 

a fourth substep for selecting one vector from among an output vector of said second substep and an output 
vector of said third substep; 

a fifth subst p for conducting processing of each frame from the frame immediately pr ceding the current 
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frame operation to a frame operation n frames previous to the current frame operation, in which said processing 
comprises: 

a multiplying step for multiplying a ratio constant of a predetermined weighted mean by a vector selected by 
means of said first substep during processing of a previous frame; 

a separate multiplying step for multiplying a ratio constant of a predetermined weighted mean by a vector 

selected by means of said first substep during processing of a previous frame; and 

a selecting step for selecting a vector from among said output vectors of said two multiplying steps; 

a sixth substep for obtaining the sum of n vectors selected by means of said fifth substep; 

a seventh substep for obtaining said quantized LSP parameter (Qk) by means of adding an output vector of 

said fourth substep and an output vector of said sixth substep; 

an eighth substep for calculating the distortion data between an LSP parameter (Yk) before quantization and 
said quantized LSP parameter (Qk); 

a ninth substep for selecting a vector which will minimize the distortion data calculated by means of said eighth 
substep at the time when selecting a vector according to said first substep, said fourth substep and said fifth 
substep; and 

a tenth substep for supplying identification information (S1, S2) of a vector selected according to said first 
substep, said fourth substep and said fifth substep as said processed information to said fourth flow. 

A speech coding method in accordance with one of claims 2-7, wherein said ratio constant (g, 1 - g, gk, 1 - gk, 
g1 , g2, 1 - g1 , 1 - g2) of a weighted mean differs with each vector element by which said ratio constant is multiplied. 

A speech coding method in accordance with one of claims 2-8, wherein each vector stored in said vector storing 
means (37) is expressed by the sum of a plurality of vectors comprising different dimensions. 

A speech coding method in accordance with one of claims 2-9, wherein said step for selecting a vector to minimize 
the distortion data comprises, with regard to parameters w1 , w2, w3 t ... wp-2, wp-1 , wp comprising p-dimensional 
vector {w1, w2, w3,... wp-2, wp-1, wp} selected from said vector storing means (37), adjusting said parameters 
when the relationship 0 < w1 < w2 < w3 < ... wp-2 < wp-1 < wp < p is not satisfied, so as to satisfy said relationship. 

A speech coding method in accordance with one of claims 1-10, wherein said thirteenth step comprises calculating 
said prediction gain by means of conducting linear prediction analysis based on the power of an output vector of 
said fourteenth step multiplied by a gain during processing of said fifteenth step for the current frame, and the 
power of an output vector of said fourteenth step multiplied by a gain during the processing of said fifteenth step 
for a past frame. 

A speech coding method in accordance with one of claims 1 - 11 , wherein said fifteenth step comprises: 

a first substep for multiplying a gain selected from among a plurality of gains stored in a predetermined gain 
storing means (31a) by half of pitch period vector selected by means of said eleventh step and half of output 
vector of said fourteenth step; 

a second substep for multiplying a gain selected from among a plurality of gains stored in a predetermined 
gain storing means (31 b) by the remaining half of pitch period vector selected by means of said eleventh step 
and the remaining half of output vector of said fourteenth step; 

a third substep for supplying to said sixteenth step the sum of a pitch period vector multiplied by a gain according 
to said first substep and a pitch period vector multiplied by a gain according to said second substep, as a pitch 
period vector multiplied by a gain according to said fifteenth step; and 

a fourth substep for supplying to said sixteenth step the sum of an output vector of said fourteenth step mul- 
tiplied by a gain according to said first substep and an output vector of said fourteenth step multiplied by a 
gain according to said second substep, as an output vector of said fourteenth step multiplied by a gain ac- 
cording to said fifteenth step. 

A speech coding method in accordance with one of claims 1-12, wherein said eleventh step comprises: 

calculating a correlation value between an input speech vector outputted by means of said second step and 
a synthetic speech vector outputted by means of said seventh step by means of conducting backward filtering 
with regard to ail pitch period vectors stored in a predetermined pitch period vector storing means (66); 
selecting a pitch p riod vector which will allow said correlation value to satisfy predetermined conditions; and 
supplying said selected pitch period vector to said fifteenth step. 
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14. A speech coding method in accordance with one of claims 1-13, wher in said twelfth step comprises: 

a first substep for calculating a correlation value between an input speech vector outputted by means of said 
second step and a synthetic speech vector outputted by means of said seventh step by means of conducting 
backward filtering with regard to all excitation vectors stored in a first excitation vector storing means (67a), 
and selecting a excitation vector which will allow said correlation value to satisfy predetermined conditions; ' 
a second substep for calculating a correlation value between an input speech vector outputted by means of 
said second step and a synthetic speech vector outputted by means of said seventh step by means of con- 
ducting backward filtering with regard to all excitation vectors stored in a second excitation vector storing 
means (67b), and selecting a excitation vector which will allow said correlation value to satisfy predetermined 
conditions; and 

a third substep for adding an output vector of said first substep and an output vector of said second substep, 
and supplying said addition result to said fourteenth step as said noise waveform vector. 

is 15. A speech coding method in accordance with one of claims 13, 14, wherein when said input speech vector is 

— .i- . t - (-•- -O'- — • — — • »i.v vi wutw ^uwi I pui IVU 

vector and said noise waveform vector is designated V'j, then said synthetic speech vector is HV'j, said correlation 
value is X/HVi, and said backward filtering is conducted by means of first computing X T T H, followed by compu- 
tation of (Xj T H)Vj. 

16; A speech coding apparatus comprising: 

a buffer (22) for forming a vector from speech signals comprising a plurality of samples as a unit of frame 
operation, and storing said vector as a speech input vector; 

an amplitude limiting means (23) for sequentially checking, one frame at a time, the amplitude of each speech 
input vector stored in said buffer (22), and compressing said amplitude when the absolute value of said am- 
plitude exceeds a predetermined value; 

an LPC analyzing means (24) for conducting linear prediction analysis and calculating an LPC coefficient for 
each speech input vector outputted by means of said amplitude limiting means (23); 
30 an LPC parameter converting means for converting each LPC coefficient calculated by means of said LPC 

analyzing means (24) into an LSP parameter; a vector quantizing means for quantizing said LSP parameter 
by means of using a vector quantizing process; 

an LPC coefficient converting means for converting said quantized LSP parameter into a quantized LPC co- 
efficient; 

35 a synthesizing means (26) for synthesizing a synthetic speech vector based on a driving vector supplied from 

the exterior, and said quantized LPC coefficient; 

a distortion data calculating means (33) for calculating distortion data by means of subtracting said synthetic 
speech vector outputted by means of said synthesizing means (26) from said speech input vector outputted 
j by means of said amplitude limiting means (23); 

* a perceptual weighting means (34) for weighting said distortion data obtained by means of said distortion data 

calculating means (33); 

a distortion power calculating means (35) for calculating the distortion power of said distortion data with regard - 
to each distortion data weighted by means of said perceptual weighting means (34); 
a pitch period vector searching means (27) for storing a plurality of pitch period vectors, and for selecting one 
45 pitch period vector from among said plurality of stored pitch period vectors; 

a noise waveform vector searching means (28) for storing a plurality of noise waveform vectors, and for se- 
lecting one noise waveform vector from among said plurality of stored noise waveform vectors; 
a gain adapting means (29) for calculating a prediction gain for each noise waveform vector selected by means 
. of said noise waveform vector searching means (28); 

a prediction gain multiplying means (30) for multiplying said prediction gain calculated by means of said gain 
adapting means (29) by said noise waveform vector selected by means of said noise waveform vector search- 
' ing means (28); 

a gain multiplying means (31) for storing a plurality of gains, and for respectively multiplying a gain selected . 
from among said plurality of stored gains by said pitch period vector s lected by means of said pitch period 
v ctor searching means (27) and an output vector of said pr diction gain multiplying means (30); 
an adding means (32) for adding two multiplication results obtained by means of said gain multiplying means 
(31), and supplying said addition result to said synthesizing means (26) as said driving vector; 
a control means for selecting a value which will minimize said distortion power calculated by means of said 
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distortion power calculating means (35) when s iecting a pitch period vector by means of said pitch period 
vector searching means (27), selecting a noise waveform vector by means of said noise waveform vector 
searching means (28), and selecting a gain by means of said gain multiplying means (31); and 
a code outputting means (36) for encoding processed information obtained by means of said structural means 
into bit series, adding as necessary error correctional coding, and then transmitting said encoded bit series; 

wherein said LSP parameter quantized by means of said vector quantizing means is expressed by means 
of a weighted mean vector of a plurality of vectors from the current frame operation and previous frame operations. 

A speech coding apparatus in accordance with claim 16, wherein said vector quantizing means comprises: 

a vector storing means (37) for storing a plurality of vectors; 

a selecting means (40) for selecting one vector from among a plurality of vectors stored in said vector storing 
means (37); 

. a first multiplying means (42) for multiplying a ratio constant (g) of a weighted mean by said vector selected 
by means of said selecting means (40); 

a second multiplying means (38) for multiplying a ratio constant (1 - g) of a weighted mean by said vector 
selected by means of said selecting means (40) during processing of the frame immediately preceding (one 
frame previous to) the current frame operation; 

an adding means (39) for obtaining said quantized LSP parameter (£lk) by means of adding an output vector 
of said first multiplying means (42) and an output vector of said second multiplying means (38); 
a distortion data calculating means (41) for calculating the distortion data between an LSP parameter (Tk) 
before quantization and said quantized LSP parameter (£2k); 

a control means for selecting a vector which will minimize the distortion data calculated by means of said 
distortion data calculating means (41) at the time when selecting a vector by means of said selecting means 
(40); and 

a supply means for supplying identification information (S1) of a vector selected by means of said selecting 
means (40) as said processed information to said code outputting means (36). 

A speech coding apparatus in accordance with claim 16, wherein said vector quantizing means comprises: 

a vector storing means for storing a plurality of vectors; 

a selecting means for selecting one vector from among a plurality of vectors stored in said vector storing means; 
an adding means for calculating the sum of vectors processed from the current frame operation to a frame 
operation n frames previous to the current frame operation for each vector selected by means of said selecting 
means; 

a dividing means for calculating said quantized LSP parameter by means of dividing an output vector of said 
second substep by n + 1 ; 

a distortion data calculating means for calculating the distortion data between an LSP parameter before quan- 
tization and said quantized LSP parameter; 

a control means for selecting a vector which will minimize the distortion data calculated by means of said 
distortion data calculating means at the time when selecting a vector by means of said selecting means; and 
a supply means for supplying identification information of a vector selected by means of said selecting means 
as said processed information to said code outputting means (36). 

A speech coding apparatus in accordance with claim 16, wherein said vector quantizing means comprises: 

a first vector storing means for storing a plurality of vectors; 

a first selecting means for selecting one vector from among a plurality of vectors stored in said first vector 
storing means; 

a second vector storing means for storing a plurality of vectors; 

a second selecting means for selecting one vector from among a plurality of vectors stored in said second 
vector storing means; 

a first adding means for obtaining the sum of vectors proc ssed from the current frame operation to a frame 
operation n frames previous to the current frame operation for each vector selected by means of said first 
selecting means; 

a second adding means for adding an output vector of said first adding means and said vector selected by 
means of said second selecting means; 



23 



EP 0 577 488 B1 



a dividing means for obtaining said quantized LSP parameter by means of dividing said output vector of said 
second adding means by n + 2; 

a distortion data calculating means for calculating the distortion data between an LSP parameter before quan- 
tization and said quantized LSP parameter; 

a control means for selecting a vector which will minimize the distortion data calculated by means of said 
distortion data calculating means at the time when selecting vectors by means of said first selecting means 
and said second selecting means; and 

a supply means for supplying identification information of vectors selected by means of said first selecting 
means and said second selecting means as said processed information to said code outputting means (36). 

20. A speech coding apparatus in accordance with claim 16, wherein said vector quantizing means comprises: 

a vector storing means (37) for storing a plurality of vectors; 

multiplying means (45-, ~ 45 n ) for multiplying a ratio constant (gk) of a weighted mean by each vector stored 
in said vector storing means (37); 

a multiplying means (47) for multiplying a ratio constant (1 - gk) of a weighted mean by said vector selected 
by means of said selecting means (46) during processing of the frame immediately preceding (one frame 
previous to) the current frame operation; 

an adding means (39) for obtaining said quantized LSP parameter (Ok) by means of adding an output vector 
of said selecting means (46) and an output vector of said multiplying means (47); 

a distortion data calculating means (41) for calculating the distortion data between an LSP parameter fFk) 
before quantization and said quantized LSP parameter (Hk); 

a control means for selecting a vector which will minimize the distortion data calculated by means of said 
distortion data calculating means (41) at the time when selecting a vector by means of said selecting means 
(46); and 

a supply means for supplying identification information (S1) of a vector selected by means of said selecting 
means (46) as said processed information to said code outputting means (36). 

21. A speech coding apparatus in accordance with claim 16, wherein said vector quantizing means comprises: 

a vector storing means (37) for storing a plurality of vectors; 

a first selecting means (40) for selecting one vector from among a plurality of vectors stored in said vector 
storing means (37); 

a first multiplying means (50) for multiplying a ratio constant (g1) of a first weighted mean by said vector 
selected by means of said first selecting means (40); 

a second multiplying means (5 1 ) for multiplying a ratio constant (g2) of a second weighted mean by said vector 
selected by means of said first selecting means (40); 

a second selecting means (52) for selecting one vector from among an output vector of said first multiplying 
means (50) and an output vector of said second multiplying means (51); 

a third multiplying means (47) for multiplying a ratio constant (1 - g1 ) of a third weighted mean by said vector 
selected by means of said first selecting means (40) during processing of the frame immediately preceding 
(one frame previous to) the current frame operation; 

a fourth multiplying means (48) for multiplying a ratio constant (1 - g2) of a fourth weighted mean by said vector 
selected by means of said first selecting means (40) during processing of the frame immediately, preceding 
(one frame previous to) the current frame operation; 

a third, selecting means (49) for selecting one vector from among an output vector of said third multiplying 
means (47) and an output vector of said fourth multiplying means (48); . 

an adding means (39) for obtaining said quantized LSP parameter (Ok) by means of adding an output vector 
of said second selecting means (52) and an output vector of said third selecting means (49); 
a distortion data calculating means (41) for calculating the distortion data between an LSP parameter pFk) 
before quantization and said quantized LSP parameter (flk); 

a control means for selecting a vector which will minimize the distortion data calculated by means of said 
distortion data calculating means (41) at the time when selecting a vector by means of said first selecting 
means (40), said second selecting means (52) and said third selecting means (49); and 
a supply means for supplying identification information (St , S2) of a vector selected by means of said first 
selecting means (40), said second selecting means (52) and said third selecting means (49) as said processed 
information to said code outputting means (36). 
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22. A speech coding apparatus in accordance with claim 16, wherein said vector quantizing means comprises: 

a vector storing means (37) for storing a plurality of vectors; 

a first selecting means (40) for selecting one vector from among a plurality of vectors stored in said vector 
storing means (37); 

a first multiplying means (50) for multiplying a ratio constant (g1) of a first weighted mean by said vector 
selected by means of said first selecting means (40); 

a second multiplying means (51 ) for multiplying a ratio constant (g2) of a second weighted mean by said vector 
selected by means of said first selecting means (40); 

a second selecting means (52) for selecting one vector from among an output vector of said first multiplying 
means (50) and an output vector of said second multiplying means (51 ); 

a multistage weighting means possessing a processing means for conducting processing of each frame from 
the frame immediately preceding the current frame operation to a frame operation n frames previous to the 
current frame operation, said processing means comprising: 

multiplying means (47, 56, 58, 60) for multiplying a ratio constant of a predetermined weighted mean by 
a vector selected by means of said first selecting means (40) during processing of a previous frame; 
separate multiplying means (48, 57, 59, 61) for multiplying a ratio constant of a predetermined weighted 
mean by a vector selected by means of said first selecting means (40) during processing of a previous 
frame; and 

selecting means (49, 62, 63, 64) for selecting a vector from among said output vectors of said two multi- 
plying means; 

first adding means (53, 54, 55) for obtaining the sum of n vectors selected by means of said multistage weight- 
ing means; 

a second adding means (39) for obtaining said quantized LSP parameter {Qk) by means of adding an output 
vector of said second selecting means (52) and an output vector of said first adding means (53); 
a distortion data calculating means (41) for calculating the distortion data between an LSP parameter (SKk) 
before quantization and said quantized LSP parameter (Qk); 

a control means for selecting a vector which will minimize the distortion data calculated by means of said 
distortion data calculating means (41) at the time when selecting a vector by means of said selecting means 
(40, 52, 49, 62, 63, 64); and 

a supply means for supplying identification information (S1 , S2) of a vector selected by means of said selecting 
means (40, 52, 49, 62, 63, 64) as said processed information to said code outputting means (36). 

23. A speech coding apparatus in accordance with one of claims 17-22, wherein said ratio constant (g, 1 - g, gk, 1 - 
gk, g1, g2, 1 - g1, 1 - g2) of a weighted mean differs with each vector element by which said ratio constant is 
multiplied. 

24. A speech coding apparatus in accordance with one of claims 17 -23, wherein each vector stored in said vector 
storing means (37) is expressed by the sum of a plurality of vectors comprising different dimensions. 

25. A speech coding apparatus in accordance with one of claims 17 - 24, wherein said control means, with regard to 
parameters w1 , w2, w3,.„ wp-2, wp-1 , wp comprising p dimensional vector {w1 , w2, w3,.„ wp-2, wp-1 , wp) selected 
from said vector storing means (37), adjusts said parameters when the relationship 0 < w1 < w2 < w3 < ... wp-2 
< wp-1 < wp < p is not satisfied, so as to satisfy said relationship. 

26. A speech coding apparatus in accordance with one of claims 16 - 25, wherein said gain adapting means (29) 
calculates said prediction gain by means of conducting linear prediction analysis based on the power of an output 
vector of a prediction gain multiplying means (30) multiplied by a gain during the processing of gain multiplying 
means (31) for the current frame, and the power of an output vector of a prediction gain multiplying means (30) 
multiplied by a gain during the processing of gain multiplying means (31) for a past frame. 

27. A speech coding apparatus in accordance with one of claims 16-26, wherein said gain multiplying means (31) 
comprises: 

a first subgain multiplying means (31a) for multiplying a gain selected from among a plurality of gains stored 
therein by half of pitch period vector selected by means of said pitch period vector searching means (27) and 
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half of output vector of said prediction gain multiplying means (30); 

a second subgain multiplying means (31b) for multiplying a gain selected from among a plurality of gains 
stored therein by the remaining half of pitch period vector selected by means of said pitch period vector search- 
ing means (27) and the remaining half of output vector of said prediction gain multiplying means (30); 
a first adding means for supplying to said adding means (32) the sum of a pitch period vector multiplied by a 
gain by means of said first subgain multiplying means (31a) and a pitch period vector multiplied by a gain by 
means of said second subgain multiplying means (31b) t as a pitch period vector multiplied by a gain by means 
of said gain multiplying means (31); and 

a second adding means for supplying to said adding means (32) the sum of an output vector of said prediction 
gain multiplying means (30) multiplied by a gain by means of said first subgain multiplying means (31a) and 
an output vector of said prediction gain multiplying means (30) multiplied by a gain by means of said second 
subgain multiplying means (31b), as an output vector of said prediction gain multiplying means (30) multiplied 
by a gain by means of said gain multiplying means (31 ). 

28. A speech coding apparatus in accordance with one of claims 1 6 - 27, wherein said pitch period vector searchina 

iitcaita \£-i ) uuinpii&tsto. 

a preselecting means (68) for calculating a correlation value between an input speech vector outputted by 
means of said amplitude limiting means (23) and a synthetic speech vector outputted by means of said synthesizing 
means (26) by means of conducting backward filtering with regard to all pitch period vectors stored in said pitch 
period vector storing means (66); selecting a pitch period vector which will allow said correlation value to satisfy 
predetermined conditions; and supplying said selected pitch period vector to said gain multiplying means (31 ). 

29. A speech coding apparatus in accordance with one of claims 1 6 - 28, wherein said noise waveform vector searching 
means (28) comprises: 

a first excitation vector storing means (67a) for storing a plurality of excitation vectors; 
a first preselecting means (69) for calculating a correlation value between an input speech vector outputted 
by means of said amplitude limiting means (23) and a synthetic speech vector outputted by means of said 
synthesizing means (26) by means of conducting backward filtering with regard to all excitation vectors stored 
in said first excitation vector storing means (67a), and selecting a excitation vector which will allow said cor- 
relation value to satisfy predetermined conditions; 

a second excitation vector storing means (67b) for storing a plurality of excitation vectors 
a second preselecting means (70) for calculating a correlation value between an input speech vector outputted 
by means of said amplitude limiting means (23) and a synthetic speech vector outputted by means of said 
synthesizing means (26) by means of conducting backward filtering with regard to all excitation vectors stored 
in said second excitation vector storing means (67b), and selecting a excitation vector which will allow said 
correlation value to satisfy predetermined conditions; and 

an adding means for adding an output vector of said first preselecting means (69) and an output vector of said 
second preselecting means (70), and supplying said addition result to said prediction gain multiplying means 
(30) as said noise wavefonn vector. 

30. A speech coding apparatus in accordance with one of claims 28, 29, wherein when said input speech vector is 
designated X T , an impulse response coefficient of said synthesizing means (26) is designated H, and one of said 
pitch period vector and said noise waveform vector is designated Vj, then said synthetic speech vector is HVj, 
said correlation value is X^HVj, and said backward filtering is conducted by means of first computing X T T H, 
followed by computation of (X T T H)Vj. 

Patentanspruche 

1. Sprachcodierungsverfahren, mit wenigstens vier Abtaufen von Schritten, wobei ein erster Abiauf enthalt: 

einen ersten Schritt (22) zum Bilden eines Vektors aus Sprachsignalen, der mehrere Abtastwerte enthalt, als 
Einheit einer Rahmenoperation und Speichern des Vektors als Spracheingangsvektor; 

inen zweiten Schritt (23) zum aufeinanderfolgenden Prufen, ein Rahmen zu einem Zeitpunkt, der Amplitude 
jedes Spracheingangsvektors und zum Komprimieren der Amplitude, wenn der Absolutwert der Amplitude 
einen vorgegebenen Wert ubersteigt; 

einen dritten Schritt (24) zum Ausfflhren einer linearen Pradiktionsanalyse und zum Berechnen eines LPC- 
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Koeffizienten fur jeden vom zweiten Schritt ausgegebenen Sprache in gangs vektor; 

einen vierten Schritt zum Umsetzen jedes im dritten Schritt berechneten LPC-Koeffizienten in ein n LSP- 
Parameter; 

einen funften Schritt zum Quantisieren des LSP-Parameters unter Verwendung eines Vektorquantisierungs- 
prozesses; 

einen sechsten Schritt zum Umsetzen des quantisierten LSP-Parameters in einen quantisierten LPC-Koeffi- 
zienten; 

einen siebten Schritt (26) zum Synthetisieren eines synthetischen Sprachvektors auf derGrundlage eines von 
auBerhalb zugefuhrten Treibervektors und des quantisierten LPC-Koeffizienten; 

einen achten Schritt (33) zum Berechnen von Abweichungsdaten durch Subtrahieren des im siebten Schritt 
ausgegebenen synthetischen Sprachvektors von dem vom zweiten Schritt ausgegebenen Spracheingangs- 
vektor; 

einen neunten Schritt (34) zum Gewichten der im achten Schritt berechneten Abweichungsdaten; 

einen zehnten Schritt (35) zum Berechnen des Abweichungsgrades der Abweichungsdaten in bezug auf jede 

Abweichungsdateneinheit, die im neunten Schritt gewichtet wurde; 

wobei ein zweiter Ablauf enthalt: 

einen elften Schritt (27) zum Auswahlen eines Schrittweitenvektors aus mehreren Schrittweitenvektoren; 
einen zwolften Schritt (28) zum Auswahlen eines Rauschsignalfonmvektors aus mehreren Rauschsignalform- 
vektoren; 

einen dreizehnten Schritt (29) zum Berechnen eines Pradiktionsverstarkungsfaktors fur jeden im zwolften 
Schritt gewahlten Rauschsignalformvektor; 

einen vierzehnten Schritt (30) zum Multiplizieren des im dreizehnten Schritt berechneten Pradiktionsverstar- 
kungsfaktors mit dem im zwolften Schritt ausgewahlten Rauschsignalformvektor; 

einen funfzehnten Schritt (31) zum Multiplizieren eines aus mehreren Verstarkungsfaktoren ausgewahlten 
Verstarkungsfaktors mit dem im elften Schritt ausgewahlten Schrittweitenvektor bzw. mit einem Ausgangs- 
vektor des vierzehnten Schrittes; 

einen sechzehnten Schritt (32) zum Addieren von zwei im funfzehnten Schritt erhaltenen Multiplikations r- 
gebnissen und zum Liefem des Additionsergebnisses an den siebten Schritt als Treibervektor; 
wobei ein dritter Ablauf einen Wert auswahlt, der den im zehnten Schritt berechneten Abweichungsgrad mi- 
nimiert, wenn ein Schrittweitenvektor gemaB dem elften Schritt ausgewahlt wird, ein Rauschsignalformvektor 
gemaB dem zwolften Schritt ausgewahlt wird und ein Verstarkungsfaktor gemaB dem funfzehnten Schritt aus- 
gewahlt wird; 

wobei ein vierter Ablauf (36) verarbeitete Informationen, die von den Struktureinrichtungen erhalten werden, 
in Bitreihen codiert und, falls notwendig, eine Fehlerkorrekturcodierung hinzufugt und dann die codierten Bit- 
reihen ubertragt; 

wobei der im funften Schritt quantisierte LSP-Parameter durch einen gewichteten Mittelwertvektor mehrerer 
Vektoren der laufenden Rahmenoperation und der vorhergehenden Rahmenoperationen gegeben ist. 

Sprachcodierungsverfahren nach Anspruch 1 , in dem der f unfte Schritt enthalt: 

einen ersten Unterschritt zum Auswahlen eines Vektors aus mehreren Vektoren, die in einer vorgegebenen 
Vektorspeichereinrichtung (37) gespeichert sind; 

einen zweiten Unterschritt zum Multiplizieren einer Verhaltniskonstanten (g) eines gewichteten Mittelwerts mit 
dem im ersten Unterschritt ausgewahlten Vektor; 

einen dritten Unterschritt zum Multiplizieren einer Verhaltniskonstanten (1 - g) eines gewichteten Mittelwerts 
mit dem wahrend der Verarbeitung des der laufenden Rahmenoperation unmittelbar vorhergehenden Rah- 
mens (eines Rahmens vor der laufenden Rahmenoperation) im ersten Unterschritt ausgewahlten Vektor; 
einen vierten Unterschritt zum Erhalten des quantisierten LSP-Parameters (£2k) durch Addieren eines Aus- 
gangsvektors des zweiten Unterschritts und eines Ausgangsvektors des dritten Unterschritts; 
einen funften Unterschritt zum Berechnen der Abweichungsdaten zwischen einem LSP-Parameter Q¥k) vor 
der Quantisierung und dem quantisierten LSP-Parameter (Qk); 

einen sechsten Unterschritt zum Auswahlen eines Vektors, d r die im funften Unterschritt berechneten Ab- 
weichungsdaten minimal macht, zu dem Zeitpunkt, zu dem ein Vektor gemaB dem ersten Unterschritt gewahlt 
wird,; 

einen siebt n Unterschritt zum Liefern von Identifizierungsinformationen (S1 ) eines im ersten Unterschritt aus- 
gewahlten Vektors als die verarbeiteten Informationen an den vierten Ablauf. 
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Sprachcodierungsverlahren nach Anspruch 1, in clem der funfte Schritt enthalt: 

einen ersten Unterschritt zum Auswahlen eines Vektors aus mehreren Vektoren, die in einer vorgegebenen 
Vektorspeichereinrichtung gespeichert sind; 

einen zweiten Unterschritt zum Erhalten der Summe der Vektoren, die von der lautenden Rahmenoperation 
bis zu einer Rahmenoperation, die n Rahmen vor der lautenden Rahmenoperation liegt, verarbeitet wurden, 
fur jeden gemaB dem ersten Unterschritt ausgewahlten Vektor; 

einen dritten Unterschritt zum Erhalten des quantisierten LSP-Parameters durch Dividieren eines Ausgangs- 
vektors des zweiten Unterschritts durch n + 1 ; 

einen vierten Unterschritt zum Berechnen der Abweichungsdaten zwischen einem LSP-Parameter vor der 
Quantisierung und dem quantisierten LSP-Parameter, 

einen funften Unterschritt zum Auswahlen eines Vektors, der die im vierten Unterschritt berechneten Abwei- 
chungsdaten minima! macht, zu dem Zeitpunkt, zu dem ein Vektor gemaB dem ersten Unterschritt ausgewahlt 
wird; 

einen sechsten Unterschritt zum Liefem_von Identifizierungsinfprmatipnen eines gemaB dem ersten Unter- 
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Sprachcodierungsverlahren nach Anspruch 1 , in dem der funfte Schritt enthalt: 

einen ersten Unterschritt zum Auswahlen eines Vektors aus mehreren Vektoren, die in einer vorgegebenen 
Vektorspeichereinrichtung gespeichert sind; 

einen zweiten Unterschritt zum Auswahlen eines Vektors aus mehreren Vektoren, die in einer separaten Vek- 
torspeichereinrichtung gespeichert sind; 

einen dritten Unterschritt zum Erhalten der Summe von Vektoren, die von der lautenden Rahmenoperation 
bis zu einer Rahmenoperation, die n Rahmen vor der lautenden Rahmenoperation liegt, verarbeitet wurden, 
fur jeden gemaB dem ersten Unterschritt ausgewahlten Vektor; 

einen vierten Unterschritt zum Addieren eines Ausgangsvektors des dritten Unterschritts und des im zweiten 
Unterschritt ausgewahlten Vektors; 

einen funften Unterschritt zum Erhalten des quantisierten LSP-Parameters durch Dividieren des Ausgangs- 
vektors des vierten Unterschritts durch n + 2; 

einen sechsten Unterschritt zum Berechnen der Abweichungsdaten zwischen einem LSP-Parameter vor der 
Quantisierung und dem quantisierten LSP-Parameter; 

einen siebten Unterschritt zum Auswahlen eines Vektors, der die im sechsten Unterschritt berechneten Ab- 
weichungsdaten minimal macht, zu dem Zeitpunkt, zu dem Vektoren gemaB dem ersten Unterschritt und dem 
zweiten Unterschritt ausgewahlt werden; 

einen achten Unterschritt zum Liefern von Identifizierungsinformationen von gemaB dem ersten Unterschritt 
und dem zweiten Unterschritt ausgewahlten Vektoren als die verarbeiteten Informationen an den vierten Ab- 
laut. 

Sprachcodierungsverfahren nach Anspruch 1 , in dem der f unfte Schritt enthalt: 

einen ersten Unterschritt zum Multiplizieren einer Verhaltniskonstanten (gk) eines gewichteten Mittelwerts mit 
jedem in einer vorgegebenen Vektorspeichereinrichtung (37) gespeicherten Vektor; 
einen zweiten Unterschritt zum Auswahlen eines Vektors aus den multiplizierten Vektoren; 
einen dritten Unterschritt zum Multiplizieren einer Verhaltniskonstanten (1 - gk) eines gewichteten Mittelwerts 
des wahrerid der Verarbeitung des der lautenden Rahmenoperation unmittelbar vorhergehenden Rahmens 
(eines Rahmens vor der lautenden Rahmenoperation) gemaB dem zweiten Unterschritt ausgewahlten Vektors; 
einen vierten Unterschritt zum Erhalten des quantisierten LSP-Parameters (Qk) durch Addieren eines Aus- 
gangsvektors des zweiten Unterschritts und eines Ausgangsvektors des dritten Unterschritts; 
einen funften Unterschritt zum Berechnen der Abweichungsdaten zwischen einem LSP-Parameter OFk) vor 
der Quantisierung und dem quantisierten LSP-Parameter (Qk)- t 

einen sechsten Unterschritt zum Auswahlen eines Vektors, der die im funften Unterschritt berechneten Ab- 
weichungsdaten minimal macht, zu dem Zeitpunkt, zu dem ein Vektor gemaB dem zweiten Unterschritt aus- 
gewahlt wird; 

einen siebten Unterschritt zum Liefern von Identifizierungsinformationen (S1) eines gemaB dem zweiten Un- 
-terschritt ausgewahlten Vektors als die verarbeiteten Informationen an den vierten Ablauf. 

Sprachcodierungsverfahren nach Anspruch 1, in dem der f unfte Schritt enthalt: 



28 



EP 0 577 488 B1 



einen ersten Unterschritt zum Auswahlen eines Vektors aus mehreren Vektoren, die in einer vorgegebenen 
Vektorspeichereinrichtung (37) gespeichert sind; 

einen zweiten Unterschritt zum Multiplizieren einer Verhaltniskonstanten (g1) eines ersten gewichteten Mit- 
telwerts mit einem im ersten Unterschritt ausgewahlten Vektor; 

einen dritten Unterschritt zum Multiplizieren einer Vertialtniskonstanten (g2) eines zweiten gewichteten Mit- 
telwerts mit dem im ersten Unterschritt ausgewahlten Vektor; 

einen vierten Unterschritt zum Auswahlen eines Vektors aus einem Ausgangsvektor des zweiten Unterschritts 
und einem Ausgangsvektor des dritten Unterschritts; 

einen funften Unterschritt zum Multiplizieren einer Verhaltniskonstanten (1 - g1) eines dritten gewichteten 
Mittelwerts mit dem wahrend der Verarbeitung des der lauf enden Rahmenoperation unmittelbar vorhergehen- 
den Rahmens (eines Rahmens vor der laufenden Rahmenoperation) im ersten Unterschritt ausgewahlt n 
Vektor; 

einen sechsten Unterschritt zum Multiplizieren einer Verhaltniskonstanten (1 - g2) eines vierten gewichteten 
Mittelwerts mit der wahrend der Verarbeitung des der laufenden Rahmenoperation unmittelbar vorhergehen- 
den Rahmens (eines Rahmens vor der laufenden Rahmenoperation) im ersten Unterschritt ausgewahlten 
Vektor; 

einen siebten Unterschritt zum Auswahlen eines Vektors aus einem Ausgangsvektor des funften Unterschritts 
und einem Ausgangsvektor des sechsten Unterschritts; 

einen achten Unterschritt zum Erhalten des quantisierten LSP-Parameters (Qk) durch Addieren eines Aus- 
gangsvektors des vierten Unterschritts und eines Ausgangsvektors des siebten Unterschritts; 
einen neunten Unterschritt zum Berechnen der Abweichungsdaten zwischen einem LSP-Parameter (^k) vor 
der Quantisierung und dem quantisierten LSP-Parameter (Qk); 

einen zehnten Unterschritt zum Auswahlen eines Vektors, der die im neunten Unterschritt be rechneten Ab- 
weichungsdaten minimal macht, zu dem Zeitpunkt, zu dem ein Vektor gemaB dem ersten Unterschritt, dem 
vierten Unterschritt und dem siebten Unterschritt ausgewahlt wird; 

einen elften Unterschritt zum Lief em von Identifizierungsinformationen (S1, S2) eines gemaB dem ersten Un- 
terschritt, dem vierten Unterschritt und dem siebten Unterschritt ausgewahlten Vektors als die verarbeiteten 
Informationen an den vierten Ablauf. 

Sprachcodierungsverfahren nach Anspruch 1, in dem derfunfte Schritt enthalt: 

einen ersten Unterschritt zum Auswahlen eines Vektors aus mehreren Vektoren, die in einer vorgegebenen 
Vektorspeichereinrichtung (37) gespeichert sind; 

einen zweiten Unterschritt zum Multiplizieren einer Verhaltniskonstanten (g1) eines ersten gewichteten Mit- 
telwerts mit dem im ersten Unterschritt ausgewahlten Vektor; 

einen dritten Unterschritt zum Multiplizieren einer Verhaltniskonstanten (g2) eines zweiten gewichteten Mit- 
telwerts des im ersten Unterschritt ausgewahlten Vektors; . .. 

einen vierten Unterschritt zum Auswahlen eines Vektors aus einem Ausgangsvektor des zweiten Unterschritts 
und einem . Ausgangsvektor des dritten Unterschritts; 

einen funften Unterschritt zum Ausfuhren einer Verarbeitung jedes Rahmens von dem der laufenden Rah- 
menoperation unmittelbar vorhergehenden Rahmen zu einer Rahmenoperation, die n Rahmen vor der lau- 
fenden Rahmenoperation liegt, wobei die Verarbeitung umfaBt: 

einen Multiplikationsschritt zum Multiplizieren einer Verhaltniskonstanten eines vorgegebenen gewicht ten 
Mittelwerts mit einem wahrend der Verarbeitung eines vorhergehenden Rahmens im ersten Unterschritt aus- 
gewahlten Vektor; 

einen separaten Multiplikationsschritt zum Multiplizieren einer Verhaltniskonstanten eines vorgegebenen ge- 
wichteten Mittelwerts mit einem wahrend der Verarbeitung eines vorhergehenden Rahmens im ersten Unter- 
schritt ausgewahlten Vektor; 

einen Auswahlschritt zum Auswahlen eines Vektors aus den Ausgangsvektoren der zwei Multiplikationsschrit- 
te; 

einen sechsten Unterschritt zum Erhalten der Summe von n Vektoren, die im funften Unterschritt ausgewahlt 
worden sind; 

einen siebten Unterschritt zum Erhalten des quantisierten LSP-Parameters {Ok) durch Addieren eines Aus- 
gangsvektors des -vierten Unterschritts und eines Ausgangsvektors des sechsten Unterschritts; 
einen achten Unterschritt zum Berechnen der Abweichungsdaten zwischen einem LSP-Parameter Q¥k) vor 
der Quantisierung und dem quantisierten LSP-Parameter (Qk) ; 

einen neunten Unterschritt zum Auswahlen eines Vektors, d r die im achten Unterschritt berechn ten Abwei- 
chungsdaten minimal macht, zu dem Zeitpunkt, zu dem ein Vektor gemaB dem ersten Unterschritt, dem vierten 
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Unterschritt und dem f unften Unterschritt ausgewahlt wird; 

einen zehnten Unterschritt zum Liefern von Identlfizierungsinfonmationen (S 1, S 2) eines im ersten Unter- 
schritt, im vierten Unterschritt und im funften Unterschritt ausgewahlten Vektors als die verarbeiteten Informa- 
tionen an den vierten Ablauf. 

8. Sprachcodierungsverfahren nach einem der Anspruche 2-7, in dem sich die Verhaltniskonstante (g, 1 - g, gk, 1 - 
gk, g1, g2, 1 - g1, 1 - g2) eines gewichteten Mittelwerts von jedem Vektorelement unterscheidet, mit dem die 
Verhaltniskonstante multipliziert wird. 

9. Sprachcodierungsverfahren nach einem der Anspruche 2-8, in dem jeder in der Vektorspeichereinrichtung (37) 
gespeicherte Vektor durch die Summe mehrerer Vektoren mit unterschiedlichen Dimensionen gegeben ist. 

10. Sprachcodierungsverfahren nach einem der Anspruche 2-9, in dem der Schritt zum Auswahlen eines Vektors fur 

die Minimierung der Abweichungsdaten in bezug aut Parameter w1 , w2, w3 wp - 2, wp - 1 , wp, die einen aus 

der Vektorspeichereinrichtung (37) ausgewahlten p-dimensionalen Vektor {w1, w2, w3, ... , wp - 2, wp - 1, wp} 

0 < w1 < w2 < w3 < ... < wp - 2 < wp - 1 < wp < p nicht erfuilt ist, damit die Beziehung erf Gilt wird. 

11. Sprachcodierungsverfahren nach einem der Anspruche 1-10, in dem der dreizehnte Schritt das Berechnen des 
Pradiktionsverstarkungsfaktors durch Ausfuhren einer linearen Pradiktionsanalyse auf der Grundlage des Grades 

• - eines Ausgangsvektors des vierzehnten Schrittes, der wahrend der Verarbeitung des funfzehnten Schrittes fur 
den laufenden Rahmen mit einem Verstarkungsfaktor multipliziert wird, und des Grades eines Ausgangsvektors 
des vierzehnten Schrittes, der wahrend der Verarbeitung des funfzehnten Schrittes fur einen vergangenen Rahmen 
mit einem Verstarkungsfaktor multipliziert wird, enthalt. 

12. Sprachcodierungsverfahren nach einem der Anspruche 1-11, in dem der f unfzehnte Schritt enthalt: 

einen ersten Unterschritt zum Multiplizieren eines Verstarkungsfaktors, der aus mehreren in einer vorgege- 
benen Verstarkungsfaktor-Speichereinrichtung (31a) gespeicherten Verstarkungsfaktoren ausgewahlt wird, 
'> mit der Halfte des Schrittweitenvektors, der im elften Schritt ausgewahlt wird, und der Halfte des Ausgangs- 
vektors des vierzehnten Schrittes; 

einen zweiten Unterschritt zum Multiplizieren eines Verstarkungsfaktors, der aus mehreren in einer vorgege- 
benen Verstarkungsfaktor-Speichereinrichtung (31b) gespeicherten Verstarkungsfaktoren ausgewahlt wird, 
mit der verbleibenden Halfte des im elften Schritt ausgewahlten Schrittweitenvektors und der verbleibenden 
Halfte des Ausgangsvektors des vierzehnten Schrittes; 

einen dritten Unterschritt zum Liefern der Summe aus einem mit einem Verstarkungsfaktor gemaG dem ersten 
Unterschritt multiplizierten Schrittweiten vektor und aus einem mit einem Verstarkungsfaktor gemaG dem zwei- 
ten Unterschritt multiplizierten Schrittweitenvektor als Schrittweitenvektor, der mit einem Verstarkungsfaktor 
gemaG dem funfzehnten Schritt multipliziert ist, an den sechzehnten Schritt; 

einen vierten Unterschritt zum Liefern der Summe aus einem mit einem Verstarkungsfaktor gemaG dem ersten 
Unterschritt multiplizierten Ausgangsvektor des vierzehnten Schrittes und aus einem mit einem Verstarkungs- 
faktor gemaG dem zweiten Unterschritt multiplizierten Ausgangsvektor des vierzehnten Schrittes als Aus- 
gangsvektor des vierzehnten Schrittes, der mit einem Verstarkungsfaktor gemaG dem funfzehnten Schritt mul- 
tipliziert ist, an den sechzehnten Schritt. 

13. Sprachcodierungsverfahren nach einem der Anspruche 1-12, in dem der elfte Schritt enthalt: 

Berechnen eines Korrelationswertes zwischen einem vom zweiten Schritt ausgegebenen Eingangssprach- 
vektor und einem vom siebten Schritt ausgegebenen synthetischen Sprachvektor durch Ausfuhren einer Ruck- 
wartsfilterung in bezug auf samtliche Schrittweitenvektoren, die in einer vorgegebenen Schrittweitenvektor- 
Speichereinrichtung (66) gespeichert sind; 

Auswahlen eines Schrittweitenvektors, der ermoglicht, daG der Korrelationswert vorgegebene Bedingungen 
erfuilt; 

Liefern des ausgewahlten Schrittweitenvektors an den funfzehnten Schritt. 

14. Sprachcodierungsverfahren nach einem der Anspruche 1-13, in dem der zwolfte Schritt enthalt: 

einen ersten Unt rschritt zum Berechnen eines Korrelationswerts zwischen einem vom zweiten Schritt aus- 
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gegebenen Eingangssprachvektor und einem vom siebten Schrittausgegebenen synthetischen Sprachvektor 
durch Ausfuhren einer Rue kwartsfilte rung in bezug auf samtliche Erregungsvektoren, die in einer ersten Er- 
regungsvektor-Speichereinrichtung (67a) gespeichert sind, und durch Auswahlen eines Erregungsvektors, 
der ermoglicht.daB der Korrelationswert vorgegebene Bedingungen erfOllt; 

einen zweiten Unterschritt zum Berechnen eines Korrelationswerts zwischen einem vom zweiten Schritt aus- 
gegebenen Eingangssprachvektor und einem vom siebten Schrittausgegebenen synthetischen Sprachvektor 
durch Ausfuhren einer Ruckwartsfilterung in bezug auf samtliche Erregungsvektoren, die in einer zweit n 
Erregungsvektor-Speichereinrichtung (67b) gespeichert sind, und durch Auswahlen eines Erregungsvektors, 
der ermoglicht, daB der Korrelationswert vorgegebene Bedingungen erfullt; 

einen dritten Unterschritt zum Addieren eines Ausgangsvektors des ersten Unterschritts und eines Ausgangs- 
vektors des zweiten Unterschritts und zum Liefern des Additionsergebnisses an den vierzehnten Schritt als 
Rauschsignalformvektor. 

15. Sprachcodierungsverfahren nach einem der Anspruche 13, 14, in dem dann, wenn der Eingangssprachvektor mit 
X T bezeichnet ist, ein Impulsantwortkoeffizient des siebten Schrittes mit H bezeichnet ist und entweder der Schritt- 
weitenvektor oder der Rauschsignalformvektor mit Vj bezeichnet ist, der synthetische Sprachvektor HVj lautet, 
der Korrelationswert X T T HV'i lautet und die Ruckwartsfilterung dadurch ausgefuhrt wird, daB zuerst X T T H berech- 
net wird, gefolgt von der Berechnung von (X T T H) Vy 

16. Sprachcodierungsvorrichtung, mit: 

einem Puffer (22) zum Bilden eines Vektors aus Sprachsignalen, der mehrere Abtastwerte enthalt, als Einheit 
einer Rahmenoperation und Speichern des Vektors als Spracheingangsvektor; 

einer Amplitudenbegrenzungseinrichtung (23) zum sequentiellen Prufen, ein Rahmen zu einem Zeitpunkt, der 
Amplitude jedes im Puffer (22) gespeicherten Spracheingangsvektors und zum Komprimieren der Amplitude, 
wenn der Absolutwert der Amplitude einen vorgegebenen Wert Qbersteigt; 

einer LPC-Analyseeinrichtung (24) zum Ausfuhren einer iinearen Pradiktionsanalyse und zum Berechnen ei- 
nes LPC-Koeffizienten fur jeden von der Amplitudenbegrenzungseinrichtung (23) ausgegebenen Sprachein- 
gangsvektor; 

einer LPC-Parameter-Umsetzungseinrichtung zum Umsetzen jedes von der LPC-Analyseeinrichtung (24) be- 
rechneten LPC-Koeffizienten in einen LSP-Parameter; 

einer Vektorquantisierungseinrichtung zum Quantisieren des LSP-Parameters unter Verwendung eines Vek- 
torquantisierungsprozesses; 

einer LPC-Koeffizienten-Umsetzungseinrichtung zum Umsetzen des quantisierten LSP-Parameters in einen 
quantisierten LPC-Koeffizienten; 

einer Synthetisierungseinrichtung (26) zum Synthetisieren eines synthetischen Sprachvektors auf der Grund- 

lage eines von auBerhalb gelieferten Treibervektors und des quantisierten LPC-Koeffizienten; 

einer Abweichungsdaten-Berechnungseinrichtung (33) zum Berechnen von Abweichungsdaten durch Sub- 

trahieren des von der Synthetisierungseinrichtung (26) ausgegebenen synthetischen Sprachvektors von dem 

von der Amplitudenbegrenzungseinrichtung (23) ausgegebenen Spracheingangsvektor; 

einer Wahrnehmungsgewichtungseinrichtung (34) zum Gewichten der von der Abweichungsdaten-Berech- 

nungseinrichtung (33) erhaltenen Abweichungsdaten; 

einer Abweichungsgrad-Berechnungseinrichtung (35) zum Berechnen des Abweichungsgrades der Abwei- 
chungsdaten in bezug auf jede Abweichungsdateneinheit, die von der Wahrnehmungsgewichtungseinrichtung 
(34) gewichtet wird; 

einer Schrittweitenvektor-Sucheinrichtung (27) zum Speichern mehrerer Schrittweitenvektoren und zum Aus- 
wahlen eines Schrittweitenvektors aus den mehreren gespeicherten Schrittweitenvektoren; 
einer Rauschsignalformvektor-Sucheinrichtung (28) zum Speichern mehrerer Rauschsignalformvektoren und 
zum Auswahlen eines Rauschsignalformvektors aus den mehreren gespeicherten Rauschsignalformvektoren; 
einer Verstarkungsfaktor-Anpassungseinrichtung (29) zum Berechnen eines Pradiktionsverstarkungsfaktors 
fur jeden durch die Rauschsignalformvektor-Sucheinrichtung (28) ausgewahlten Rauschsignalformvektor; 
einer Pradiktionsverstarkungsfaktor-Multiplikationseinrichtung (30) zum Multiplizieren des von der Verstar- 
kungsfaktor-Anpassungseinrichtung (29) berechneten Pradiktionsverstarkungsfaktors mit dem von der 
Rauschsignalformvektor-Sucheinrichtung (28) ausgewahlten Rauschsignalformvektor; 
einer V rstarkungsfaktor-Multiplikationseinrichtung (31) zum Speichern mehr rer Verstarkungsfaktoren und 
zum Multiplizieren eines aus den mehreren gespeicherten Verstarkungsfaktoren ausgewahlten Verstarkungs- 
faktors mit dem von der Schrittweitenv ktor-Such inrichtung (27) ausgewahlten Schrittweitenv ktor bzw. mit 
einem Ausgangsvektor der Pradiktionsverstarkungsfaktor-Multipiikationseinrichtung (30); 
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einer Addiereinrichtung (32) zum Addieren zweier Multiplikationsergebnisse, die von der Verstarkungsfaktor- 
Multiplikationseinrichtung (31) erhalten werden, und Liefern des Additionsergebnisses an die Synthetisie- 
rungseinrichtung (26) als den Treibervektor; 

einer Steuereinrichtung zum Auswahlen eines Werts, der den von der Abweichungsgrad-Berechnungsein- 
richtung (35) berechneten Abweichungsgrad minimal macht, wenn ein Schrittweitenvektor durch die Schritt- 
weitenvektor-Sucheinrichtung (27) ausgewahlt wird, zum Auswahlen eines Rauschsignalformvektors durch 
die Rauschsignalformvektor-Sucheinrichtung (28) und zum Auswahlen eines Verstarkungsfaktors durch die 
Verstarkungslaktor-Multiplikationseinrichtung (31 ); 

einer Codeausgabeeinrichtung (36) zum Codieren von von den Struktureinrichtungen erhaltenen verarbeite- 
ten Informationen in Bitreihen, zum Addieren einer Fehlerkorrekturcodierung, falls notwendig, und zum an- 
schlieBenden Ubertragen der codierten Bitreihen; 

wobei der durch die Vektorquantisierungseinrichtung quantisierte LSP-Parameter durch einen gewichteten 
Mittelwertvektor mehrerer Vektoren der laufenden Rahmenoperation und vorhergehender Rahmenoperatio- 
nen gegeben ist. 

eine Vektorspeichereinrichtung (37) zum Speichem mehrerer Vektoren; 

eine Auswahleinrichtung (40) zum Auswahlen eines Vektors aus mehrereri in der Vektorspeichereinrichtung 
(37) gespeicherten Vektoren; 

eine erste Multiplikationseinrichtung (42) zum Multipiizieren einer Verhaltniskonstanten (g) eines gewichteten 
Mittelwerts mit dem von der Auswahleinrichtung (40) ausgewahlten Vektor; 

eine zweite Multiplikationseinrichtung (38) zum Multipiizieren einer Verhaltniskonstanten (1 - g) eines gewich- 
teten Mittelwerts mit dem wahrend der Verarbeitung des der laufenden Rahmenoperation unmittelbar vorher- 
gehenden Rahmens (eines Rahmens vor der laufenden Rahmenoperation) von der Auswahleinrichtung (40) 
ausgewahlten Vektor; 

eine Addiereinrichtung (39) zum Erhalten des quantisierten LSP-Parameters (Qk) durch Addieren eines Aus- 
gangsvektors der ersten Multiplikationseinrichtung (42) und eines Ausgangsvektors der zweiten. Multiplikati- 
onseinrichtung (38); 

eine Abweichungsdaten-Berechnungseinrichtung (41) zum Berechnen der Abweichungsdaten zwischen ei- 
nem LSP-Parameter OFk) vor der Quantisierung und dem quantisierten LSP-Parameter (Qk)\ 
eine Steuereinrichtung zum Auswahlen eines Vektors, der die von der Abweichungsdaten-Berechnungsein- 
richtung (41) berechneten Abweichungsdaten minimal macht, zu dem Zeitpunkt, zu dem ein Vektor von der 
Auswahleinrichtung (40) gewahlt wird; 

eine Liefereinrichtung zum Liefern von Identifizierungsinformationen (S1) eines von der Auswahleinrichtung 
(40) ausgewahlten Vektors als die verarbeiteten Informationen an die Codeausgabeeinrichtung (36). 

18. Sprachcodierungsvorrichtung nach Anspruch 16, in der die Vektorquantisierungseinrichtung enthalt: 

eine Vektorspeichereinrichtung zum Speichem mehrerer Vektoren; 

eine Auswahleinrichtung zum Auswahlen eines Vektors aus mehreren in der Vektorspeichereinrichtung ge- 
speicherten Vektoren; 

eine Addiereinrichtung zum Berechnen der Summe von Vektoren, die von der laufenden Rahmenoperation 
bis zu einer Rahmenoperation, die n Rahmen vor der laufenden Rahmenoperation liegt, verarbeitet wurden, 
fur jeden von der Auswahleinrichtung ausgewahlten Vektor; 

eine Dividiereinrichtuhg zum Berechnen des quantisierten LSP-Parameters durch Dividieren eines Ausgangs- 
vektors des zweiten Unterschrittes durch n + 1 ; 

eine Abweichungsdaten-Berechnungseinrichtung zum Berechnen der Abweichungsdaten zwischen einem 
LSP-Parameter vor der Quantisierung und dem quantisierten LSP-Parameter; 

eine Steuereinrichtung zum Auswahlen eines Vektors, der die von der Abweichungsdaten-Berechnungsein- 
richtung berechneten Abweichungsdaten minimal macht, zu dem Zeitpunkt, zu dem von der,Auswahleinrich- 
tung ein Vektor ausgewahlt wird; 

eine Liefereinrichtung zum Liefern von Identifizierungsinformationen eines von der Auswahleinrichtung aus- 
gewahlten Vektors als die verarbeiteten Informationen an die Codeausgabeeinrichtung (36). 

19. Sprachcodierungsvorrichtung nach Anspruch 16, in der die Vektorquantisierungseinrichtung enthalt: 

eine erste Vektorspeichereinrichtung zum Speichem von mehreren Vektoren; 
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eine erste Auswahleinrichtung zum Auswahlen eines Vektors aus mehreren in der Vektorspeichereinrichtung 
gespeicherten Vektoren; 

eine zweite Vektorspeichereinrichtung zum Speichem mehrerer Vektoren; 

eine zweite Auswahleinrichtung zum Auswahlen eines Vektors aus mehreren in der zweiten Vektorspeicher- 
einrichtung gespeicherten Vektoren; 

eine erste Addiereinrichtung zum Erhalten der Summe von Vektoren, die von der laufenden Rahmenoperatioh 
bis zu einer Rahmenoperation, die n Rahmen vor der laufenden Rahmenoperation liegen, verarbeitet wurden, 
fur jeden von der ersten Auswahleinrichtung ausgewahlten Vektor; 

eine zweite Addiereinrichtung zum Addieren eines Ausgangsvektors der ersten Addiereinrichtung und des 
von der zweiten Auswahleinrichtung ausgewahlten Vektors; 

eine Dividiereinrichtung zum Erhalten des quantisierten LSP -Parameters durch Dividieren des Ausgangsvek- 
tors der zweiten Addiereinrichtung durch n + 2; 

eine Abweichungsdaten-Berechnungseinrichtung zum Berechnen der Abweichungsdaten zwischen einem 
LSP-Parameter vor der Quantisierung und dem quantisierten LSP-Parameter; 

eine Steuereinrichtung zum Auswahlen eines Vektors, der die von der Abweichungsdaten-Berechnungsein- 
richtung berechneten Abweichungsdaten minimal macht, zu dem Zeitpunkt, zu dem von der ersten Auswah- 
leinrichtung und von der zweiten Auswahleinrichtung Vektoren ausgewahit werden; 

eine Liefereinrichtung zum Liefem von Identifizierungsinformationen von von der ersten Auswahleinrichtung 
und von der zweiten Auswahleinrichtung ausgewahlten Vektoren als die verarbeiteten Informationen an die 
Codeausgabeeinrichtung (36). 

20. Sprachcodierungsvorrichtung nach Anspruch 16, in der die Vektorquantisierungseinrichtung enthalt: 

eine Vektorspeichereinrichtung (37) zum Speichem mehrerer Vektoren; 

eine Multiplikationseinrichtung (45., -45 n ) zum Multiplizieren einer Verhaltniskonstanten (gk) eines gewichte- 
ten Mittelwerts mit jedem in der Vektorspeichereinrichtung (37) gespeicherten Vektor; 
eine Auswahleinrichtung (46) zum Auswahlen eines Vektors aus den multiplizierten Vektoren; 
eine Multiplikationseinrichtung (47) zum Multiplizieren einer Verhaltniskonstanten (1 - gk) eines gewichteten 
Mittelwerts mit dem wahrend der Verarbeitung des der laufenden Rahmenoperation unmittelbar vorhergehen- 
den Rahmens (eines Rahmens vor der laufenden Rahmenoperation) von der Auswahleinrichtung (46) aus- 
gewahlten Vektor; 

eine Addiereinrichtung (39) zum Erhalten des quantisierten LSP -Parameters (Qk) durch Addieren eines Aus- 
gangsvektors der Auswahleinrichtung (46) und eines Ausgangsvektors der Multiplikationseinrichtung (47); 
eine Abweichungsdaten-Berechnungseinrichtung (41) zum Berechnen der-Abweichungsdaten zwischen ei- 
nem LSP-Parameter Q¥k) vor der Quantisierung und dem quantisierten LSP-Parameter (£2k); 
eine Steuereinrichtung zum Auswahlen eines Vektors, der die von der Abweichungsdaten-Berechnungsein- 
richtung (41) berechneten Abweichungsdaten minimal macht, zu dem Zeitpunkt, zu dem von der Auswahlein- 
richtung (46) ein Vektor ausgewahit wird; 

eine Liefereinrichtung zum Ltefern von Identifizierungsinformationen (S 1) eines von der Auswahleinrichtung 
(46) ausgewahlten Vektors als die verarbeiteten Informationen an die Codeausgabeeinrichtung (36). 

21. Sprachcodierungsvorrichtung nach Anspruch 16, in der die Vektorquantisierungseinrichtung enthalt: 

eine Vektorspeichereinrichtung (37) zum Speichem mehrerer Vektoren; 

eine erste Auswahleinrichtung (40) zum Auswahlen eines Vektors aus mehreren Vektoren, die in der Vektor- 
speichereinrichtung (37) gespeichert sind; 

eine erste Multiplikationseinrichtung (50) zum Multiplizieren einer Verhaltniskonstanten (g1) eines ersten g - 
wichteten Mittelwerts mit dem von der ersten Auswahleinrichtung (40) ausgewahlten Vektor; 
einer zweiten Multiplikationseinrichtung (51 ) zum Multiplizieren einer Verhaltniskonstanten (g2) eines zweiten 
gewichteten Mittelwerts mit dem von der ersten Auswahleinrichtung (40) ausgewahlten Vektor; 
eine zweite Auswahleinrichtung (52) zum Auswahlen eines Vektors aus einem Ausgangsvektor der ersten 
Multiplikationseinrichtung (50) und einem Ausgangsvektor der zweiten Multiplikationseinrichtung (51); 
eine dritte Multiplikationseinrichtung (47) zum Multiplizieren einer Verhaltniskonstanten (1 - g1 ) eines dritt n 
gewichteten Mittelwerts mit dem wahrend der Verarbeitung des der laufenden Rahmenoperation unmittelbar 
vorhergehenden Rahmens (eines Rahmens vor der laufenden Rahmenoperation) von der ersten Auswahl- 
einrichtung (40) ausgewahlten Vektor; 

eine vierte Multiplikationseinrichtung (48) zum Multiplizieren einer Verhaltniskonstanten (1 - g2) eines vierten 
gewichteten Mittelwerts mit dem wahrend der Verarbeitung des der laufenden Rahmenoperation unmittelbar 
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vorhergehenden Rahmens (eines Rahmens vor der laufenden Rahmenoperation) von der ersten Auswahl- 
einrichtung (40) ausgewahlten Vektor; 

eine dritte Auswahleinrichtung (49) zum Auswahlen eines Vektors aus einem Ausgangsvektor der dritten Mul- 

tiplikationseinrichtung (47) und einem Ausgangsvektor der vierten Multiplikationseinrichtung (48); 

eine Addiereinrichtung (39) zum Erhalten des quantisierten LSP-Paramet rs {Ok) durch Addieren ines Aus- 

gangsvektors der zw iten Auswahleinrichtung (52) und eines Ausgangsvektors der dritten Auswahleinrichtung 

(49); 

eine Abweichungsdaten-Berechnungseinrichtung (41) zum Berechnen der Abweichungsdaten zwischen ei- 
nem LSP-Parameter OFk) vor der Quantisierung und dem quantisierten LSP-Parameter (Qk); 
eine Steuereinrichtung zum Auswahlen eines Vektors, der die von der Abweichungsdaten-Berechnungsein- 
richtung (41 ) berechneten Abweichungsdaten minimal macht, zu dem Zeitpunkt, zu dem ein Vektor von der 
ersten Auswahleinrichtung (40), von derzweiten Auswahleinrichtung (52) und von der dritten Auswahleinrich- 
tung (49) ausgewahlt wird; 

eine Liefereinrichtung zum Liefern von Identifizierungsinformationen (S1, S2) eines von der ersten Auswahl- 
einrichtung (40), von der zweiten Auswahleinrichtung (52) und von der dritten Auswahleinrichtung (49) aus- 



22. Sprachcodierungsvorrichtung nach Arispruch 16, in der die Vektorquantisierungseinrichtung enthalt: 

eine Vektorspeichereinrichtung (37) zum Speichern mehrerer Vektoren; 
- - eine erste Auswahleinrichtung (40) zum Auswahlen eines Vektors aus mehreren in der Vektorspeichereinrich- 
tung (37) gespeicherten Vektoren; 

eine erste Multiplikationseinrichtung (50) zum Multiplizieren einer Verhaltniskonstanten (g1 ) eines ersten ge- 
wichteten Mittelwerts mit dem von der ersten Auswahleinrichtung (40) ausgewahlten Vektor; 
eine zweite Multiplikationseinrichtung (51) zum Multiplizieren einer Verhaltniskonstanten (g2) eines zweiten 
gewichteten Mittelwerts mit dem von der ersten Auswahleinrichtung (40) ausgewahlten Vektor; 
eine zweite Auswahleinrichtung (52) zum Auswahlen eines Vektors aus einem Ausgangsvektor der ersten 
Multiplikationseinrichtung (50) und einem Ausgangsvektor der zweiten Multiplikationseinrichtung (51); 
eine mehrstufige Gewichtungseinrichtung, die eine Verarbeitungseinrichtung zum Ausfuhren einer Verarbei- 
tung fur jeden Rahmen von dem der laufenden Rahmenoperation unmittelbar vorhergehenden Rahmen bis 
zu einer Rahmenoperation, die n Rahmen vor der laufenden Rahmenoperation liegt, besitzt, wobei die Ver- 
arbeitungseinrichtung enthalt: 

eine Multiplikationseinrichtung (47, 56, 58, 60) zum Multiplizieren einer Verhaltniskonstanten eines vorgege- 
benen gewichteten Mittelwerts mit einem wahrend der Verarbeitung eines vorhergehenden Rahmens von der 
ersten Auswahleinrichtung (40) ausgewahlten Vektor; 

eine separate Multiplikationseinrichtung (48, 57, 59, 61) zum Multiplizieren einer Verhaltniskonstanten eines 
vorgegebenen gewichteten Mittelwerts mit einem wahrend der Verarbeitung eines vorhergehenden Rahmens 
von der ersten Auswahleinrichtung (40) ausgewahlten Vektor; 

eine Auswahleinrichtung (49, 62, 63, 64) zum Auswahlen eines Vektors aus den Ausgangsvektoren der beiden 
Multiplikationseinrichtungen; 

eine erste Addiereinrichtung (53, 54, 55) zum Erhalten der Summe aus n Vektoren, die von der mehrstufigen 
Gewichtungseinrichtung ausgewahlt werden; 

eine zweite Addiereinrichtung (39) zum Erhalten des quantisierten LSP-Parameters (Qk) durch Addieren eines 
Ausgangsvektors der zweiten Auswahleinrichtung (52) und eines Ausgangsvektors der ersten Addiereinrich- 
tung (53); 

eine Abweichungsdaten-Berechnungseinrichtung (41) zum Berechnen der Abweichungsdaten zwischen ei- 
nem LSP-Parameter OFk) vor der Quantisierung urid dem quantisierten LSP-Parameter (Qk); 
eine Steuereinrichtung zum Auswahlen eines Vektors, der die von der Abweichungsdaten-Berechnungsein- 
richtung (41 ) berechneten Abweichungsdaten minimal macht, zu dem Zeitpunkt, zu dem von der Auswahlein- 
richtung (40, 52, 49, 62, 63, 64) ein Vektor ausgewahlt wird; . 

eine Liefereinrichtung zum Liefern von Identifizierungsinformationen (S1, S2) eines von der Auswahleinrich- 
tung (40, 52, 49, 62, 63, 64) ausgewahlten Vektors als die verarbeiteten Informationen an die Codeausgabe- 
einrichtung (36). 

23. Sprachcodierungsvorrichtung nach einem der Anspruche 17-22, in der sich die Verhaltniskonstante (g, 1 - g, gk, 
1 - gk. g1. g2, 1 - g1, - g2) ines gewichteten Mittelwerts von jedem Vektorelement unterscheidet, mit dem die 
Verhaltniskonstante multipliziert wird. 
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24. Sprachcodierungsvorrichtung nach einem der Anspruche 17-23, in der jeder in der Vektorspeichereinrichtung (37) 
gespeicherte Vektor durch die Summe mehrerer Vektoren mit unterschiediichen Dimensionen gegeben ist. - 

25. Sprachcodierungsvorrichtung nach einem der Anspruche 17-24, in der die Steuereinrichtung in bezug auf Para- 
5 meter w1, w2, w3, ... , wp - 2, wp - 1, wp, die einen aus der Vektorspeichereinrichtung (37) ausgewahlten p-di- 

mensionalen Vektor {w1 , w2, w3 f ... , wp - 2, wp - 1 , wp} bilden, die Parameter einstellt, sofem die Beziehung 0 < 
w1 < w2 < w3 < ... < wp - 2 < wp - 1 < wp < p nicht erfullt ist, damit die Beziehung erfullt wird. 

Sprachcodierungsvorrichtung nach einem der Anspruche 16-25, in der die Verstarkungsfaktor-Anpassungsein- 
richtung (29) den Pradiktionsverstarkungsfaktor durch Ausfuhren einer linearen Pradiktionsanatyse auf der Grund- 
lage des Grades eines Ausgangsvektors einer Pradiktionsverstarkungsfaktor-Multiplikationseinrichtung (30), der 
wahrend der Verarbeitung der Verstarkungsfaktor-Multiplikationseinrichtung (31) des laufenden Rahmens mit ei- 
nem Verstarkungsfaktor multipliziert wird, und des Grades eines Ausgangsvektors einer Pradiktionsverstarkungs- 
faktor-Multiplikationseinrichtung (30), der wahrend der Verarbeitung der Verstarkungstaktor-Muttiplikationseinrich- 
tung (31) fur einen vergangenen Rahmen mit einem Verstarkungsfaktor multipliziert wird, berechnet. 

27. Sprachcodierungsvorrichtung nach einem der Anspruche 16-26, in der die Verstarkungsfaktor-Multiplikationsein- 
richtung (31) enthalt: 

eine erste Unterverstarkungsfaktor-Multiplikationseinrichtung (31a) zum Multiplizieren eines Verstarkungsfak- 
- - tors, der aus mehreren darin gespeicherten Verstarkungsfaktoren- ausgewahlt ist, mit der Halfte des von der 
Schrittweitenvektor-Sucheinrichtung (27) ausgewahlten Schrittweitenvektors und der Halfte des Ausgangs- 
vektors der Pradiktionsverstarkungsfaktor-Multiplikationseinrichtung (30); 

eine zweite Unterverstarkungsfaktor-MultipHkationseinrichtung (31b) zum Multiplizieren eines Verstarkungs- 
25 faktors, der aus mehreren darin gespeicherten Verstarkungsfaktoren ausgewahlt ist, mit der verbleibenden 

Halfte des von der Schrittweitenvektor-Sucheinrichtung (27) ausgewahlten Schrittweitenvektors und der ver- 
bleibenden Halfte des Ausgangsvektors der Pradiktionsverstarkungsfaktor-Multiplikationseinrichtung (30); 
eine erste Addiereinrichtung zum Liefern der Summe aus einem Schrittweitenvektor, der von der ersten Un- 
terverstarkungsfaktor-MultipIikationseinrichtung (31a) mit einem Verstarkungsfaktor multipliziert ist, und einem 
so Schrittweitenvektor, der von der zweiten Unterverstarkungsfaktor-Multiplikationseinrichtung (31b) mit einem 

Verstarkungsfaktor multipliziert ist, als Schrittweitenvektor, der von der Verstarkungsfaktor-Multiplikationsein- 
richtung (31) mit einem Verstarkungsfaktor multipliziert ist, an die Addiereinrichtung (32); 
eine zweite Addiereinrichtung zum Liefern der Summe aus einem Ausgangsvektor der Pradiktionsverstar- 
kungsfaktor-Multiplikationseinrichtung (30), der von der ersten Unterverstarkungsfaktor-Multiplikationseinrich- 
35 tung (31a) mit einem Verstarkungsfaktor multipliziert ist, und einem Ausgangsvektor der Pradiktionsverstar- 

kungsfaktor-Multiplikationseinrichtung (30), der von der zweiten Unterverstarkungsfaktor-Multiplikationsein- 
richtung (31 b) mit einem Verstarkungsfaktor multipliziert ist, als Ausgangsvektor der Pradiktionsverstarkungs- 
faktor-Multiplikationseinrichtung (30), der von der Verstarkungsfaktor-Multiplikationseinrichtung (31 ) mit ein m 
Verstarkungsfaktor multipliziert ist, an die Addiereinrichtung (32). 

Sprachcodierungsvorrichtung nach einem der Anspruche 16-27, in der die Schrittweitenvektor-Sucheinrichtung 
(27) enthalt: 

eine Vorauswahleinrichtung (68) zum Berechnen eines Korrelationswerts zwischen einem von der Amplitu- 
denbegrenzungseinrichtung (23) ausgegebenen Eingangssprachvektor und einem von der Synthetisierungsein- 
richtung (26) ausgegebenen synthetischen Sprachvektor durch Ausfuhren einer Ruckwartsfilterung in bezug auf 
samtliche Schrittweitenvektoren, die in der Schrittweitenvektor-Speichereinrichtung (66) gespeichert sind; zum 
Auswahlen eines Schrittweitenvektors, der ermoglicht, daQ der Korrelationswert vorgegebene Bedingungen erfullt; 
und zum Liefern des ausgewahlten Schrittweitenvektors an die Verstarkungsfaktor-Multiplikationseinrichtung (31 ). 

29. Sprachcodierungsvorrichtung nach einem der Anspruche 16-28, in der die Rauschsignalformvektor-Sucheinrich- 
tung (28) enthalt: 

eine erste Erregungsvektor-Speichereinrichtung (67a) zum Speichern mehrerer Erregungsvektoren; 
eine erste Vorauswahleinrichtung (69) zum Berechnen eines Korrelationswerts zwischen einem von der Am- 
plitudenbegrenzungseinrichtung (23) ausgegebenen Eingangssprachvektor und einem von der Synthetisi - 
rungseinrichtung (26) ausgegebenen synthetischen Sprachvektor durch Ausfuhren einer Ruckwartsfilterung 
in bezug auf samtliche Erregungsvektoren, die in der ersten Erregungsvektor-Speichereinrichtung (67a) ge- 
speichert sind, und zum Auswahlen eines Erregungsvektors, der ermoglicht, daf3 der Korrelationswert vorge- 
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gebene Bedingungen erfullt; 

eine zweite Erregungsvektor-Speichereinrichtung (67b) zum Speichern mehrerer Erregungsvektoren; 
eine zweite Vorauswahleinrichtung (70) zum Berechnen eines Korrelationswerts zwischen einem von d r Am- 
plitudenbegrenzungseinrichtung (23) ausgegebenen Eingangssprachvektor und einem von der Synthetisie- 
rungseinrichtung (26) ausgegebenen synthetischen Sprachvektor durch Ausfuhren einer Ruckwartsfilterung 
in bezug auf samtliche Erregungsvektoren, die in der zweiten Erregungsvektor-Speichereinrichtung (67b) ge- 
speichert sind, und zum Auswahlen eines Erregungsvektors, der ermoglicht, daB der Korrelationswert vorge- 
gebene Bedingungen erfullt; 

eine Addiereinrichtung zum Addieren eines Ausgangsvektors der ersten Vorauswahleinrichtung (69) und eines 
Ausgangsvektors der zweiten Vorauswahleinrichtung (70) und zum Liefern des Additionsergebnisses an die 
Pradiktionsverstarkungsfaktor-Multiplikationseinrichtung (30) als den Rauschsignalformvektor 

30. Sprachcodierungsvorrichtung nach einem der Anspruche 28, 29, in der dann, wenn der Eingangssprachvektor mit 
X T bezeichnet ist, ein Impulsantwortkoeffizient der Synthetisierungseinrichtung (26) mit H bezeichnet ist und ent- 
weder der Schrittweitenvektor oder der Rauschsianalformvektor mit V: bezeichnet ist. der svnthfitiRr.tm Rnranh. 
veKior nv'j lauiei, aer r\orreiauonswert Aj'riVj lautet una aie HUcKwartstilterung dadurch ausgefuhrt wird, daB 
zuerst X T T H berechnet wird, gefolgt von der Berechnung von (X T T H) Vj. 



Revendications 

1. Procede pour le codage du langage comprenant au moins quatre deroulements d'etapes ; 
un premier deroulement comprenant : 

une premiere etape (22) pour former un vecteur a partir de signaux de parole comprenant une pluralite d'echan- 
tillons comme operation de trame elementaire, et stocker ledit vecteur comme vecteur d'entree de parole ; 
une deuxieme etape (23) pour controler sequentiellement, une trame a la fois, I'amplitude de chaque vecteur 
d'entree de parole, et comprimer ladite amplitude quand fa valeur absolue de ladite amplitude depasse une 
valeur predeterminee ; 

une troisieme etape (24) pour executer une analyse de prevision lineaire et calculer un coefficient LPC pour 
chaque vecteur d'entree de parole sorti au moyen de ladite deuxieme elape ; 

une quatrieme etape pour convertir chaque coefficient LPC calcule dans ladite troisieme etape en un parametre 
LSP ; 

une cinquieme etape pour quantifier ledit parametre LSP au moyen de I'utilisation d'un traitement de quanti- 
fication vectorielle ; 

une sixieme etape pour convertir ledit parametre LSP quantifie en un coefficient LPC quantifie ; 
une septieme etape (26) pour synthetiser un vecteur de parole synthetique selon un vecteur de commande 
foumi par I'exterieur, et ledit coefficient LPC quantifie ; 

une huitieme etape (33) pour calculer des donn6es de deformation au moyen d'une deduction dudit vecteur 
de parole synthetique sorti au moyen de ladite septieme etape dudit vecteur d'entree de parole sorti au moyen 
de ladite deuxieme etape ; 

une neuvieme etape (34) pour ponderer lesdites donnees de deformation calculees au moyen de ladite hui- 
tieme etape ; et, 

une dixieme etape (35) pour calculer le po'uvoir de deformation desdites donnees de deformation relatif a 
chaque donnee de deformation ponderee au moyen de ladite neuvieme etape ; 

un deuxieme deroulement comprenant : 

une onzieme etape (27) pour selectionner un vecteur de pSriode de pas parmi une plurality de vecteurs de 
periode de pas ; 

une douzieme etape (28) pour selectionner un vecteur de forme d'onde de bruit parmi une pluralite de vecteurs 
de forme d'onde de bruit ; 

une treizieme etape (29) pour calculer un gain de prevision pour chaque vecteur de forme d'onde de bruit 
selectionne au moyen de ladite douzieme etape ; 

une quatorzieme elape (30) pour multiplier ledit gain de prevision calcule au moyen de ladite treizieme etape 
par ledit vecteur d forme d'onde de bruit selectionne au moy n de ladite douzieme 'tape ; 
une quinzieme 6tape (31) pour multiplier selectivement un gain selectionne parmi une pluralite de gains par 
ledit vecteur de periode de pas selectionne au moyen de ladite onzieme etape, et un vecteur de sortie de 
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I adit e quatorzieme etape ; et, 

une seizieme etape (32) pour additionner deux resultats de multiplication obtenus au moyen de ladite qujn- 
zieme etape, et fournir ledit resultat d'addition comme dit vecteur de commande dans ladite septieme etape ; 

un troisieme deroulement pour selectionner une valeur qui reduise au minimum ledit pouvoir de deformation calcule 
au moyen de ladite dixieme etape pendant la selection d'un vecteur de p§riode de pas selon ladite onzieme etape, 
selectionner un vecteur de forme d'onde de bruit selon ladite douzieme etape, et selectionner un gain selon ladite 
quinzieme etape ; et, 

un quatrieme deroulement (36) pour coder des informations traitees obtenues au moyen desdits moyens structu- 
red en bits en serie, ajouter un codage de correction d'erreurs necessaire, et transmettre ensuite lesdits bits codes 
en serie ; 

dans lequel ledit parametre LSP quantifie au moyen de ladite cinquieme etape est exprime au moyen d'un 
vecteur moyen pondere d'une pluralite de vecteurs provenant de la presente operation de trame et des operations 
precedentes de trame. 

Precede pour le codage du langage selon la revendication 1, dans lequel ladite cinquieme 6tape comprend: 

une premiere sous-etape pour selectionner un vecteur parmi une pluralite de vecteurs stockes dans un moyen 
de stockage de vecteurs predetermine (37) ; 

une deuxieme sous-etape pour multiplier un rapport constant (g) d'une moyenne ponderee par ledit vecteur 
selectionne au moyen de ladite premiere sous-etape ; 

une troisieme sous-etape pour multiplier un rapport constant (1 -g) d'une moyenne ponderee par ledit vecteur 
selectionne au moyen de ladite premiere sous-etape pendant le traitement de la trame precedant immedia- 
tement (une trame avant) la presente operation de trame ; 

une quatrieme sous-etape pour obtenir ledit parametre LSP quantifie (Qk) au moyen d'une addition d'un vec- 
teur de sortie de ladite deuxieme sous-etape et d'un vecteur de sortie de ladite troisieme sous-etape ; 
une cinquieme sous-etape pour calculer les donnees de deformation entre un parametre LSP (yk) avant 
quantification et ledit parametre LSP quantify (£2k) ; 

une sixieme sous-etape pour selectionner un vecteur qui reduise au minimum les donnees de deformation 
calculees au moyen de ladite cinquieme sous-etape pendant la selection d'un vecteur selon ladite premiere 
sous-etape ; et, 

une septieme sous-etape pour fournir des informations d'identification (S1) d'un vecteur selectionne selon 
ladite premiere sous-etape comme dites informations traitees dans ledit quatrieme deroulement. 

Proc^de pour le codage du langage selon la revendication 1, dans lequel ladite cinquieme etape comprend : 

une premiere sous-6tape pour selectionner un vecteur parmi une pluralite de vecteurs stockes dans un moy n 
de stockage de vecteurs predetermine ; 

une deuxieme sous-etape pour obtenir la somme des vecteurs traites de la presente operation de trame a 
une operation de trame ayant lieu n trames avant la presente operation de trame pour chaque vecteur sel c- 
tionne* selon ladite premiere sous-etape ; 

une troisieme sous-etape pour obtenir ledit parametre LSP quantifie au moyen d'une division par n+1 d'un 
vecteur de sortie de ladite deuxieme sous-etape ; 

une quatrieme sous-etape pour calculer les donn6es de deformation entre un parametre LSP avant quantifi- 
cation et ledit parametre LSP quantifie ; 

une cinquieme sous-etape pour selectionner un vecteur qui reduise au minimum les donn6es de deformation 
calculees au moyen de ladite quatrieme sous-etape au moment de la selection d'un vecteur selon ladite pre- 
miere sous-etape ; et, 

une sixieme sous-etape pour fournir des informations ^identification d'un vecteur selectionne selon ladite 
premiere sous-etape comme dites informations traitees dans ledit quatrieme deroulement. 

Precede pour le codage du langage selon la revendication 1, dans lequel ladite cinquieme etape comprend: 

une premiere sous-etape pour selectionner un vecteur parmi une pluralite de vecteurs stockes dans un moyen 
de stockage de vecteurs predetermine ; 

une deuxieme sous-etape pour selectionner un vecteur parmi une pluralite de vecteurs stockes dans un moyen 
de stockage de vecteurs separe ; 

une troisieme sous-etape pour obtenir la somme des vecteurs traites de la presente operation de trame a une 
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operation de trame ayant lieu n trames avant ia presente operation de trame pour chaque vecteur selectionne 
selon ladite premiere sous-etape ; 

une quatrieme sous-etape pour additionner un vecteur de sortie de ladite troisieme sous-etape et ledit vecteur 
selectionne au moyen de ladite deuxieme sous-etape ; 

une cinquieme sous-etape pour obtenir ledit parametr LSP quantifie au moyen d'une division par n+2 dudit 
vecteur de sortie de ladite quatrieme sous-etape ; . 

une sixieme sous-etape pour catculer les donnees de deformation entre un parametre LSP avant quantification 
et ledit parametre LSP quantifie ; 

une septieme sous-etape pour selectionner un vecteur qui reduise au minimum les donnees de deformation 
calculees au moyen de ladite sixieme sous-etape au moment de la selection de vecteurs selon ladite premiere 
sous-etape et ladite deuxieme sous-etape ; et, 

une huitieme sous-etape pour fournir des informations ^identification de vecteurs selectionnes selon ladite 
premiere sous-etape et ladite deuxieme sous-etape comme dites informations traitees dans ledit quatrieme 
deroulement. 



une premiere sous-etape pour multiplier un rapport constant (gk) d'une moyenne ponderee par chaque vecteur 

stocke dans un moyen de stockage de vecteurs predetermine (37) ; 

une deuxieme sous-etape pour selectionner un vecteur parmi lesdits vecteurs multiplies ; 

une troisieme sous-etape pour multiplier un rapport constant (1-gk>d'une moyenne ponderee par ledit vecteur 

selectionne selon ladite deuxieme sous-etape pendant le traitement de la trame precedant immediatement 

(une trame avant) la presente operation de trame ; 

une quatrieme sous-etape pour obtenir ledit parametre LSP quantifie (Qk) au moyen d'une addition d'un vec- 
teur de sortie de ladite deuxieme sous-etape et d'un vecteur de sortie de ladite troisieme sous-etape ; 
une cinquieme sous-etape pour calculer les donnees de deformation entre un parametre LSP (yk) avant 
quantification et ledit parametre LSP quantifie (Qk) ; 

une sixieme sous-etape pour selectionner un vecteur qui reduise au minimum les donnees de deformation 
calculees au moyen de ladite cinquieme sous-etape au moment de la selection d'un vecteur selon ladite 
deuxieme sous-etape ; et, 

une septieme sous-etape pour fournir des informations ^identification (S1) d'un vecteur selectionne selon 
ladite deuxieme sous-etape comme dites informations traitees dans ledit quatrieme deroulement. 

Procede pour le codage du langage selon la revendication 1 , dans lequel ladite cinquieme etape comprend : 

une premiere sous-etape pour selectionner un vecteur parmi une pluralite de vecteurs stockes dans un moyen 
de stockage de vecteurs predetermine (37) ; 

une deuxieme sous-etape pour multiplier un rapport constant (g1 ) d'une premiere moyenne ponderee par ledit 
vecteur selectionne au moyen de ladite premiere sous-etape ; 

une troisieme sous-etape pour multiplier un rapport constant (g2) d'une deuxieme moyenne ponderee par 
ledit vecteur selectionne au moyen de ladite premiere sous-etape ; 

une quatrieme sous-etape pour selectionner un vecteur parmi un vecteur de sortie de ladite deuxieme sous- 
etape et un vecteur de sortie de ladite troisieme sous-etape ; 

une cinquieme sous-etape pour multiplier un rapport constant (1-g1) d'une troisieme moyenne ponderee par 
ledit vecteur selectionne au moyen de ladite premiere sous-etape pendant le traitement de la trame precedant 
immediatement (une trame avant) la presente operation de trame ; 

une sixieme sous-etape pour multiplier un rapport constant (1-g2) d'une quatrieme moyenne ponderee par 
ledit vecteur selectionne au moyen de ladite premiere sous-etape pendant le traitement de la trame precedant 
immediatement (une trame avant) la presente operation de trame ; 

une septieme sous-etape pour selectionner un vecteur parmi un vecteur de sortie de ladite cinquieme sous- 
etape et un vecteur de sortie de ladite sixieme sous-etape ; 

une huitieme sous-etape pour obtenir ledit parametre LSP quantifie (Qk) au moyen d'une addition d'un vecteur 
de sortie de ladite quatrieme sous-etape et d'un vecteur de sortie de ladite septieme sous-etape ; 
une neuvieme sous-6tape pour calculer les donnees de deformation entre un parametre LSP (yk) avant quan- 
tification t ledit parametre LSP quantifie {Ok) ; 

une dixieme sous-etape pour selectionner un vecteur qui reduise au minimum les donnees de deformation 
calculees au moyen de ladite neuvieme sous-etape au moment de la selection d'un vecteur selon ladite pre- 
miere sous-etape, ladite quatrieme sous-etape et ladite septieme sous-etape ; et, 
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une onzieme sous-etape pour foumir des informations d'identification (S1, S2) d'un vecteur selectionne selon 
ladite premiere sous-etape, ladite quatrieme sous-etape et ladite septieme sous-etape comme dites informa- 
tions traitees dans ledit quatrieme deroulement. 

Procede pour le codage du tangage selon la revendication 1 , dans lequel tadite cinquieme etape comprend : 

une premiere sous-etape pour selectionner un vecteur parmi une pluralite de vecteurs stockes dans un moyen 
de stockage de vecteurs predetermine (37) ; 

une deuxieme sous-etape pour multiplier un rapport constant (g1) d'une premiere moyenne ponderee par ledit 
vecteur selectionn6 au moyen de ladite premiere sous-etape ; 

une troisieme sous-etape pour multiplier un rapport constant (g2) d'une deuxieme moyenne ponderee par 
ledit vecteur selectionne au moyen de ladite premiere sous-etape ; 

une quatrieme sous-etape pour selectionner un vecteur parmi un vecteur de sortie de ladite deuxieme sous- 
etape et un vecteur de sortie de ladite troisieme sous-etape ; 

une cinquieme sous-etape pour executer un traitement de chaque trame de la trame pr6cedant immediatement 
la presente operation de trame k une operation de trame ayant lieu n trames avant la presente operation de 
trame, dans laquelle ledit traitement comprend : 

une etape de multiplication pour multiplier un rapport constant d'une moyenne ponderee predetermines par 
un vecteur selectionne au moyen de ladite premiere sous-etape pendant le traitement d'une trame precedente ; 
une etape de multiplication separee pour multiplier un rapport constant d'une moyenne ponderee predeter- 
minee par un vecteur selectionne au moyen de ladite premiere sous-etape pendant le traitement d'une trame 
precedente ; et, 

une etape de selection pour selectionner un vecteur parmi lesdits vecteurs de sortie desdites deux etapes de 
multiplication ; 

une sixieme sous-etape pour obtenir la somme de n vecteurs selectionnes au moyen de ladite cinquieme 
sous-etape ; 

une septieme sous-etape pour obtenir ledit parametre LSP quantify (Qk) au moyen d'une addition d'un vecteur 
de sortie de ladite quatrieme sous-etape et d'un vecteur de sortie de ladite sixieme sous-etape ; 
une huitieme sous-etape pour calculer les donnees de deformation entre un parametre LSP (yk) avant quan- 
tification et ledit parametre LSP quantifie (Hk) ; 

une neuvieme sous-etape pour selectionner un vecteur qui reduise au minimum les donnees de deformation 
calculees au moyen de ladite huitieme sous-etape au moment de la selection d'un vecteur selon ladite premiere 
sous-etape, ladite quatrieme sous-etape et ladite cinquieme sous-etape ; et, 

une dixieme sous-etape pour fournir des informations ^identification (S1, S2) d'un vecteur selectionne selon 
ladite premiere sous-etape, ladite quatrieme sous-etape et ladite cinquieme sous-etape comme dites infor- 
mations traitees dans ledit quatrieme deroulement. 

Procede pour le codage du langage selon Tune des revendications 2 & 7, dans lequel ledit rapport constant (g, 
1-g, gk, 1-gk, g1, g2, 1-g1, 1-g2) d'une moyenne ponderee differs de chaque element vectoriel par lequel ledit 
rapport constant est multiple. 

Proc6de pour le codage du langage selon Tune des revendications 2 h 8, dans lequel chaque vecteur stocks dans 
ledit moyen de stockage de vecteurs (37) est exprime par la somme d'une pluralite de vecteurs comprenant dif- 
ferentes dimensions. 

Procede pour le codage du langage selon Tune des revendications 2 & 9, dans lequel ladite etape pour selectionner 
un vecteur afin de reduire au minimum les donnees de deformation comprend, en ce qui concerne des parametres 
w1 , w2, w3,..., wp-2, wp-1 , wp comprenant un vecteur k p dimensions {w1 , w2, w3,..., wp-2, wp-1 , wp} selectionne 
dans ledit moyen de stockage de vecteurs (37), I'ajustement desdits parametres quand la. relation 0 < w1 < w2 < 
w3 <.., wp-2 < wp-1 < wp < p n*est pas satisfaite, de maniere h ce qu'ils satisfassent ladite relation. 

Procede pour le codage du langage selon I'une des revendications 1 k 10, dans lequel ladite treizieme etape 
comprend le calcui dudit gain de prevision au moyen de ('execution d'une analyse de prevision Hneaire basee sur 
la puissance d'un vecteur de sortie de ladite quatorzieme etap multiplie par un gain pendant le traitem nt de 
ladite quinzieme etape pour la trame presente, et la puissance d'un vecteur de sortie de ladite quatorzieme etape 
multiplie par un gain pendant le traitement de ladite quinzi&me etape pour une trame anterieure. 

Procede pour le codage du langage selon I'une des revendications 1 a 11, dans lequel ladite quinzieme etape 
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comprend : 



10 



15 



25 



35 



45 



50 



55 



une premiere sous-etape pour multiplier un gain selectionne parmi une pluralite de gains stockes dans un 
moyen de stockage de gains predetermine (31a) par la moitie d'un vecteur de periode de pas selectionne au 
moyen de ladite onzieme etape et la moitie du vecteur de sortie de ladite quatorzieme etape ; 
une deuxieme sous-etape pour multiplier un gain selectionne parmi une pluralite de gains stockes dans un 
moyen de stockage de gains predetermine (31b) par I'autre moitie du vecteur de periode de pas selectionne 
au moyen de' ladite onzieme etape et ('autre moitie du vecteur de sortie de ladite quatorzieme etape ; 
une troisieme sous-etape pour fournir dans ladite seizieme etape la somme d'un vecteur de periode de pas 
multiple par un gain selon ladite premiere sous-etape et d'un vecteur de periode de pas multipiie par un gain 
selon ladite deuxieme sous-etape, comme vecteur de periode de pas multipiie par un gain selon ladite quin- 
zieme etape et, 

une quatrieme sous-etape pour fournir dans ladite seizieme etape la somme d'un vecteur de sortie de ladite 
quatorzieme etape multipiie par un gain selon ladite premiere sous-etape et d'un vecteur de sortie de ladite 
quatorzieme etape multipiie par un gain selon ladite deuxieme sous-etape, comme vecteur de sortie de ladite 



13. Procede pour le codage du langage selon I'une des revendications 1 a 12, dans lequel ladite onzieme etape 
comprend : 

le calcul d'une valeur de correlation entre un vecteur de parole d'entree sorti au moyen de ladite deuxieme 
etape et un vecteur de parole synthetique sortie au moyen de ladite septieme etape, au moyen de ('execution 
d'un filtrage vers I'arriere relatif a tous les vecteurs de periode de pas stockes dans un moyen de stockage 
de vecteurs de periode de pas predetermine (66) ; 

la selection d'un vecteur de periode de pas qui permette a ladite valeur de correlation de satisfaire des con- 
ditions predeterminees ; et, 

la fourniture dudit vecteur de periode de pas selectionne" dans ladite quinzieme etape. 

14. Procede pour le codage du langage selon I'une des revendications 1 a 13, dans lequel ladite douzieme etape 
30 comprend : 

une premiere sous-etape pour calculer une valeur de correlation entre un vecteur de parole d'entree sorti au 
moyen de ladite deuxieme etape et un vecteur de parole synthetique sorti au moyen de ladite septieme etape, 
au moyen' de I'execution d'un filtrage vers I'arriere relatif a tous les vecteurs d'excitation stockes dans un 
premier moyen de stockage de vecteurs d'excitation (67a), et selectionner un vecteur d'excitation qui permette 
a ladite valeur de correlation de satisfaire des conditions predeterminees ; 

une deuxieme sous-etape pour calculer une valeur de correlation entre un vecteur de parole d'entree sorti au 
moyen de ladite deuxieme etape et un vecteur de parole synthetique sorti au moyen de ladite septieme etape, 
au moyen de i'execution d'un filtrage vers I'arriere relatif a tous les vecteurs d'excitation stockes dans un 
deuxieme moyen de stockage de vecteurs d'excitation (67b), et selectionner un vecteur d'excitation qui per- 
mette a ladite valeur de correlation de satisfaire des conditions predeterminees ; et, 
une troisieme sous-etape pour additionner un vecteur de sortie de ladite premiere sous-6tape et un vecteur 
de sortie de ladite deuxieme sous-etape, et fournir ledit resultat d'addition dans ladite quatorzieme etape 
comme dit vecteur de forme d'onde de bruit. 

15. Procede pour le codage du langage selon I'une des revendications 13, 14, dans lequel, quand ledit vecteur de 
parole d'entree est indique par X T , un coefficient de reponse impulsionnelle de ladite septieme etape est indique 
par H, et I'un dudit vecteur de periode de pas et dudit vecteur de forme d'onde de bruit est indique par ledit 
vecteur de parole synthetique est alors egal a HV h ladite valeur de correlation est egale a X T T HV jt et ledit filtrage 
vers I'arriere est execute au moyen d'un premier calcul de X T T H, suivi par le calcul de (X T T H)VY 

16. Appareil pour le codage du langage comprenant ; 

un tampon (22) pour former un vecteur a partir de signaux de parole comprenant une pluralit * d'echantillons 
comme operation de frame elementaire, et stocker ledit vecteur comme vecteur d'entree de parole ; 
un moyen de limitation d'amplitude (23) pour controler sequentiellement, une trame a la fois, I'amplitude de 
chaque vecteur d'entree de parole stocke dans ledit tampon (22), et comprimer ladite amplitude quand la 
valeur absolue de ladite amplitude depasse une valeur predetermined ; 
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un moyen d'analyse LPC (24) pour executer une analyse de prevision lineaire et calculer un coefficient LPC 
pour chaque vecteur d'entree de parole sorti au moyen dudit moyen de limitation d'amplitude (23) ; 
un moyen de conversion de coefficient LPC en parametre pour convertir chaque coefficient LPC calcule au 
moyen dudit moyen d'analyse LPC (24) en un parametre LSP ; 

un moyen de quantification vectorielle pour quantifier ledit parametre LSP au moyen de ['utilisation d'un trai- 
tement de quantification vectorielle ; 

un moyen de conversion en coefficient LPC pour convertir ledit parametre LSP quantifie en un coefficient LPC 
quantifie ; 

un moyen de synthese (26) pour synthetiser un vecteur de parole synthetique selon un vecteur de commande 
foumi par I'exterieur, et ledit coefficient LPC quantifie ; 

un moyen de calcul de donnees de deformation (33) pour calculer des donnees de deformation au moyen 
d'une deduction dudit vecteur de parole synthetique sorti au moyen dudit moyen de synthese (26) dudit vecteur 
d'entree de parole sorti au moyen dudit moyen de limitation d'amplitude (23) ; 

un moyen de ponderation de perceptibilite (34) pour ponderer lesdites donnees de deformation obtenues au 
moyen dudit moyen de calcul de donnees de deformation (33) ; 

un moyen de calcul de pouvoir de deformation (35) pour calculer ie pouvoir de deformation desdites donnees 
de deformation reiatif & chaque donnee de deformation ponderee au moyen dudit moyen de ponderation de 
perceptibilite (34) ; 

un moyen de recherche de vecteur de pefiode de pas (27) pour stocker une plurality de vecteurs de period 
de pas, et pour selectionner un vecteur de p6riode de pas parmi ladite piuralite des vecteurs de periode de 
pas stockes ; 

un moyen de recherche de vecteur de forme d'onde de bruit (28) pour stocker une piuralite de vecteurs de 
forme d'onde de bruit, et pour selectionner un vecteur de forme d'onde de bruit parmi ladite piuralite des 
vecteurs de forme d'onde de bruit stockes ; 

un moyen d'adaptation de gain (29) pour calculer un gain de prevision pour chaque vecteur de forme d'onde 
de bruit selectionne au moyen dudit moyen de recherche de vecteur de forme d'onde de bruit (28) ; 
un moyen de multiplication de gain de prevision (30) pour multiplier ledit gain de prevision calcule au moyen 
dudit moyen d'adaptation de gain (29) par ledit vecteur de forme d'onde de bruit selectionne" au moyen dudit 
moyen de recherche de vecteur de forme d'onde de bruit (2B) ; 

un moyen de multiplication de gain (31) pour stocker une piuralite de gains, et pour multiplier respectivement 
un gain selectionne parmi ladite piuralite) des gains stockes par ledit vecteur de periode de pas selectionne 
au moyen dudit moyen de recherche de vecteur de pefiode de pas (27) et un vecteur de sortie dudit moyen 
de multiplication de gain de provision (30) ; 

un moyen d'addition (32) pour additionner deux resultats de multiplication obtenus au moyen dudit moyen de 
multiplication de gain (31 ), et fournir ledit resultat d'addition audit moyen de synthese (26) comme dit vecteur 
de commande ; 

un moyen de commande pour selectionner une valeur qui reduise au minimum ledit pouvoir de deformation 
calcul6 au moyen dudit moyen de calcul de pouvoir de deformation (35) pendant la selection d'un vecteur de 
periode de pas au moyen dudit moyen de recherche de vecteur de periode de pas (27), selectionner un vecteur 
de forme. d'onde de bruit au moyen dudit moyen de recherche de vecteur de forme d'onde de bruit (28), et 
selectionner un gain au moyen dudit moyen de multiplication de gain (31) ; et, 

un moyen de sortie de code (36) pour coder des informations traitees obtenues au moyen desdits moyens 
structurels en bits en sef ie, ajouter un codage de correction d'erreurs n6cessaire, et transmettre ensuite lesdits 
bits codes en s6rie ; 

dans lequel ledit parametre LSP quantify au moyen dudit moyen de quantification vectorielle est exprimS au 
moyen d'un vecteur moyen pondere* d'une plurality de vecteurs provenant de la pr6sente operation de trame 
et des operations prec6dentes de trame. 

1 7. Appareil pour le codage du langage selon la revendication 1 6, dans lequel ledit moyen de quantification vectorielle 
comprend : 

un moyen de stockage de vecteurs (37) pour stocker une piuralite de vecteurs ; 

un moyen de selection (40) pour selectionner un vecteur parmi une plurality de vecteurs stockes dans ledit 
moyen de stockage de vecteurs (37) ; 

un premier moyen de multiplication (42) pour multiplier un rapport constant (g) d'une moyenne ponderee par 
ledit vecteur selectionne au moyen dudit moyen de selection (40) ; 

un second moyen de multiplication (38) pour multiplier un rapport constant (1-g) d'une moyenne ponderee 
par ledit vecteur s6lectionn6 au moyen dudit moyen de selection (40) pendant le traitement de la trame pre- 
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cedant immediatement (une trame avant) la presente operation de trame ; 

un moyen d'addition (39) pour obtenir ledit parametre LSP quantifie (Qk) au moyen de I'addition d'un v cteur 
de sortie dudit premier moyen de multiplication (42) et d'un vecteur de sortie dudit second moyen de multipli- 
cation (38) ; 

un moyen de calcul de donnees de deformation (41) pour calculer les donnees de deformation entre un pa- 
rametre LSP (yk) avant quantification et ledit parametre LSP quantifie (Qk) ; 

un moyen de commande pour selectionner un vecteur qui reduise au minimum les donnees de deformation 
calculees au moyen dudit moyen de calcul de donnees de deformation (41) au moment de la selection d'un 
vecteur au moyen dudit moyen de selection (40) ; et, 

un moyen de foumiture pour fournir des informations ^identification (S1) d'un vecteur selectionne au moyen 
dudit moyen de selection (40) comme dites informations traitees audit moyen de sortie de code (36). 

18. Appareil pour le codage du langage selon la revendication 16, dans leque! ledit moyen de quantification vectorielle 
comprend : 

l.iri mnt*An. rln o+nnl/oriA. r<A WAntnl lrr>.nAiir MAnUnr iinn.nli irrilitn. • . .. . 

un moyen de selection pour selectionner un vecteur parmi une pluralite de vecteurs stockes dans ledit moyen 
de stockage de vecteurs ; 

un moyen d'addition pour calculer la somme des vecteurs traites de la presente operation de trame a une 
operation de trame ayant lieu n trames avant la presente operation de trame pour chaque vecteur selectionne 
au moyen dudit moyen de selection ; 

un moyen de division pour calculer ledit parametre LSP quantifie au moyen d'une division par n+1 du vecteur 
de sortie de ladite seconde sous-etape ; 

un moyen de calcul de donnees de deformation pour calculer les donnees de deformation entre un parametre 
LSP avant quantification et ledit parametre LSP quantifie ; 

un moyen de commande pour selectionner un vecteur qui reduise au minimum les donnees de deformation 
calculees au moyen dudit moyen de calcul de donnees de deformation au moment de la selection d'un vecteur 
au moyen dudit moyen de selection ; et, 

un moyen de foumiture pour fournir des informations ^identification d'un vecteur selectionne au moyen dudit 
moyen de selection comme dites informations traitees audit moyen de sortie de code (36). 

19. Appareil pour le codage du langage selon la revendication 16, dans lequel ledit moyen de quantification vectorielle 
comprend : 

un premier moyen de stockage de vecteurs pour stocker une pluralite de vecteurs ; 

un premier moyen de selection pour selectionner un vecteur parmi une pluralite de vecteurs stockes dans 

ledit premier moyen de stockage de vecteurs ; 

un second moyen de stockage de vecteurs pour stocker une pluralite de vecteurs ; 

un second moyen de selection pour selectionner un vecteur parmi une pluralite de vecteurs stockes dans ledit 

second moyen de stockage de vecteurs ; 

un premier moyen d'addition pour obtenir la somme des vecteurs traites de la presente operation de trame k 
une operation de trame ayant lieu n trames avant la presente operation de trame pour chaque vecteur selec- 
tionne au moyen dudit premier moyen de selection ; 

un second moyen- d'addition pour additionner un vecteur de sortie dudit premier moyen d'addition et ledit 
vecteur selectionne au moyen dudit second moyen de selection ; 

un moyen de division pour obtenir ledit parametre LSP quantifie au moyen d'une division par n+2 dudit vecteur 
de sortie dudit second moyen d'addition ; 

un moyen de calcul de donnees de deformation pour calculer les donn6es de deformation entre un parametre 
LSP avant quantification et ledit parametre LSP quantifie ; 

un moyen de commande pour selectionner un vecteur qui reduise au minimum les donnees de deformation 
calculees au moyen dudit moyen de calcul de donnees de deformation au moment de la selection de vecteurs 
au moyen dudit premier moyen de selection et dudit second moyen de selection ; et, 
un moyen de foumiture pour fournir des informations d'identification de vecteurs selectionnes au moyen dudit 
premier moyen de selection et dudit second moyen de selection comme dites informations traitees audit moyen 
de sortie de code (36). 

20. Appareil pour le codage du langage selon la revendication 16, dans lequel ledit moyen de quantification vectorielle 
comprend : 
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un moyen de stockage de vecteurs (37) pour stocker une pluralite de vecteurs ; 

des moyens de multiplication (45T-45J pour multiplier un rapport constant (gk) d'une moyenne ponderee par 

chaque vecteur stocks dans ledit moyen de stockage de vecteurs (37) ; 

un moyen de selection (46) pour selectionner un vecteur parmi lesdits vecteurs multiplies ; 

un moyen de multiplication (47) pour multiplier un rapport constant (1-gk) d'une moyenne ponderee par ledit 

vecteur selectionne au moyen dudit moyen de selection (46) pendant le traitement de la trame precedant 

immediatement (une trame avant) la presente operation de trame ; 

un moyen d'addition (39) pour obtenir ledit parametre LSP quantifie (Qk) au moyen de ['addition d'un vecteur 
de sortie dudit moyen de selection (46) et d'un vecteur de sortie dudit moyen de multiplication (47) ; 
un moyen de caicul de donnees de deformation (41) pour calculer les donnees de deformation entre un pa- 
rametre LSP (\|/k) avant quantification et ledit parametre LSP quantify (Qk) ; 

un moyen de commande pour selectionner un vecteur qui reduise au minimum les donnees de deformation 
calculees au moyen dudit moyen de caicul de donn6es de deformation (41) au moment de la selection d'un 
vecteur au moyen dudit moyen de selection (46) ; et t 

un moyen de foumiture pour fournir des informations ^identification (S1) d'un vecteur selectionne au moyen 
dudit moyen cle selection (46) comme dites informations traitees audit moyen de sortie de code (36). 

Appareil pour le codage du langage selon la revendication 16, dans lequel ledit moyen de quantification vectorielle 
comprend : 

un moyen de stockage de vecteurs (37) pour stocker une plurality de vecteurs ; 

un premier moyen de selection (40) pour selectionner un vecteur parmi une plurality de vecteurs stockes dans 
ledit moyen de stockage de vecteurs (37) ; 

un premier moyen de multiplication (50) pour multiplier un rapport constant (g1) d'une premiere moyenne 

ponderee par ledit vecteur selectionne au moyen dudit premier moyen de selection (40) ; 

un deuxieme moyen de multiplication (51) pour multiplier un rapport constant (g2) d'une deuxieme moyenne 

ponderee par ledit vecteur selectionne au moyen dudit premier moyen de selection (40) ; 

un deuxieme moyen de selection (52) pour selectionner un vecteur parmi un vecteur de sortie dudit premier 

moyen de multiplication (50) et un vecteur de sortie dudit deuxieme moyen de multiplication (51) ; 

un troisieme moyen de multiplication (47) pour multiplier un rapport constant (1 -g1 ) d'une troisieme moyenn 

ponderee par ledit vecteur selectionne au moyen dudit premier moyen de selection (40) pendant le traitement 

de la trame precedant immediatement (une trame avant) la presente operation de trame ; 

un quatrieme moyen de multiplication (48) pour multiplier un rapport constant (1 -g2) d'une quatrieme moyenne 

ponderee par ledit vecteur selectionne au moyen dudit premier moyen de selection (40) pendant le traitement 

de la trame precedant immediatement (une trame avant) la presente operation de trame ; 

un troisieme moyen de selection (49) pour selectionner un vecteur parmi un vecteur de sortie dudit troisieme 

moyen de multiplication (47) et un vecteur de sortie dudit quatrieme moyen de multiplication (48) ; 

un moyen d'addition (39) pour additionner ledit parametre LPS quantifie (Qk) au moyen de Taddition d'un 

vecteur de sortie dudit deuxieme moyen de selection (52) et d'un vecteur de sortie dudit troisieme moyen de 

selection (49); 

un moyen de caicul de donnees de deformation (41) pour calculer les donnees de deformation entre un pa- 
rametre LSP (yk) avant quantification et ledit parametre LSP quantifie (Qk) ; 

un moyen de commande pour selectionner un vecteur qui reduise au minimum les donnees de deformation 
calculees au moyen dudit moyen de caicul de donnees de deformation (41) au moment de la selection d'un 
vecteur au moyen dudit premier moyen de selection (40), dudit deuxieme moyen de selection (52) et dudit 
troisieme moyen de selection (49) ; et, 

un moyen de fourniture pour fournir des informations d'identification (S1, S2) d'un vecteur selectionne au 
moyen dudit premier moyen de selection (40), dudit deuxieme moyen de selection (52) et dudit troisieme 
moyen de selection (49) comme dites informations traitees audit moyen de sortie de code (36). 

Appareil pour le codage du langage selon la revendication 16, dans lequel ledit moyen de quantification vectorielle 
comprend : 

un moyen de stockage de vecteurs (37) pour stocker une pluralite de vecteurs ; 

un premier moyen de selection (40) pour selectionner un vecteur parmi une pluralite de vecteurs. stockes dans 
ledit moyen de stockage de vecteurs (37) ; 

un premier moyen de multiplication (50) pour multiplier un rapport constant (g1) d'une premiere mdy nne 
ponderee par ledit vecteur selectionne au moyen dudit premier moyen de selection (40) ; 
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un second moyen de multiplication (51) pour multiplier un rapport constant (g2) d'une deuxieme moyenne 
ponderee par ledit vecteur selectionne au moyen dudit premier moyen de selection (40) ; 
un second moyen de selection (52) pour selectionner un vecteur parmi un vecteur de sortie dudit premier 
moyen de multiplication (50) et un vecteur de sortie dudit second moyen de multiplication (51) ; 
un moyen de ponderation k plusieurs etages comportant un moyen de traitement pour executer le traitement 
de chaque trame de la trame precedant immediatement la presente operation de trame k une operation de 
trame ayant lieu n trames avant la presente operation de trame, ledit moyen de traitement comprenant : 
des moyens de multiplication (47, 56, 58, 60) pour multiplier un rapport constant d'une moyenne ponderee 
predeterminee par un vecteur selectionne au moyen dudit premier moyen de selection (40) pendant le traite- 
ment d'une trame precedents ; 

des moyens de multiplication separes (48, 57, 59, 61) pour multiplier un rapport constant d'une moyenne 
ponderee predeterminee par un vecteur selectionne au moyen dudit premier moyen de selection (40) pendant 
le traitement d'une trame precedente ; et 

des moyens de selection (49, 62, 63, 64) pour selectionner un vecteur parmi lesdits vecteurs de sortie desdits 
deux moyens de multiplication ; 

dudit moyen de ponderation k plusieurs etages ; 

un second moyen d'addition (39) pourobtenir ledit parametre LSP quantifie (Ok) au moyen de ('addition d'un 
vecteur de sortie dudit second moyen de selection (52) et d'un vecteur de sortie dudit premier moyen d'addition 

(53) ; 

un moyen de calcul de donnees de deformation (41) pour calculer les donnees de deformation entre un pa- 
rametre LSP (yk) avant quantification et ledit parametre LSP quantifie (Qk) ; 

un moyen de commande pour selectionner un vecteur qui reduise au minimum les donnees de deformation 
calculees au moyen dudit moyen de calcul de donnees de deformation (41) au moment de la selection d'un 
vecteur au moyen desdits moyens de selection (40, 52, 49, 62, 63, 64) ; et, 

un moyen de foumiture pour fournir des informations ^identification (S1 , S2), d'un vecteur selectionne au 
moyen desdits moyens de selection (40, 52, 49, 62, 63, 64) commedites informations traitees audit moyen 
de sortie de code (36). 

23. Appareil pour le codage du langage selon I'une des revendications 17 a 22, dans lequel ledit rapport constant (g, 
1-g, gk, 1-gk, g1, g2, 1-g1, 1-g2) d'une moyenne pond6r6e differe de chaque element vectoriel par lequel ledit 
rapport constant est multiplie. 

24. Appareil pour le codage du langage selon I'une des revendications 17 k 23, dans lequel chaque vecteur stocke 
dans ledit rrioyen de stockage de vecteurs (37) est exprime par la somme d'une plurality de vecteurs comprenant 
differentes dimensions. 

25. Appareil pour le codage du langage selon I'une des revendications 1 7 k 24, dans lequel ledit moyen de commande, 
en ce qui concerne des parametres w1, w2, w3,..., wp-2, wp-1, wp comprenant un vecteur a p dimensions {w1, 
w2, w3,..„ wp-2, wp-1, wp) selectionne dans ledit moyen de stockage de vecteurs (37), ajuste lesdits parametres 
quand la relation 0 < w1 < w2 < w3 <... wp-2 < wp-1 < wp < p n'est pas satisfaite, de maniere k ce qu'ils satisfassent 
ladite relation. 

26. Appareil pour le codage du langage selon I'une des revendications 16 a 25, dans lequel ledit moyen d'adaptation 
de gain (29) calcule ledit gain de prevision au moyen de ('execution d'une analyse de prevision lineaire basee sur 
la puissance d'un vecteur de sortie d'un moyen de multiplication de gain de prevision (30) multiplie par un gain 
pendant le traitement d'un moyen de multiplication de gain (31 ) pour la presente trame, et la puissance d'un vecteur 
de sortie d'un moyen de multiplication de gain de provision (30) multiplie par un gain pendant le traitement d'un 
moyen de multiplication de gain (31) pour une trame anterieure. 

27. Appareil pour le codage du langage selon I'une des revendications 1 6 k 26 dans lequel ledit moyen de multiplication 
de gain (31) comprend : 

un premier moyen de multiplication de sous-gain (31a) pour multiplier un gain selectionne* parmi une pluralite 
de gains qui y sont stockSs par la moitie d'un vecteur de periode de pas selectionne au moyen dudit moyen 
de recherche de vecteur de periode de pas (27) et la moitte d'un vecteur de sortie dudit moyen de multiplication 
de gain de provision (30) ; 

un second moyen de multiplication de sous-gain (31b) pour multiplier un gain selectionne parmi une pluralite 
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de gains qui y sont stockes par Tautre moitie du vecteur de periode de pas selectionne au moyen dudit moyen 
de recherche de vecteur de periode de pas (27) et Pautre moitie du vecteur de sortie dudit moyen de multipli- 
cation de gain de prevision (30) ; 

un premier moyen d'addition pour foumir audit moyen d'addition (32) la somme d'un vecteur de periode de 
pas multiplie par un gain au moyen dudit premier moyen de multiplication de sous-gain (31a) et d'un vecteur 
de periode de pas multiplie par un gain au moyen dudit second moyen de multiplication de sous-gain (31b), 
comme vecteur de p§riode de pas multiplie par un gain au moyen dudit moyen de multiplication de gain (31 ) ; et, 
un second moyen d'addition pour fournir audit moyen d'addition (32) la somme d'un vecteur de sortie dudit 
moyen de multiplication de gain de prevision (30) multiplie par un gain au moyen dudit premier moyen de 
multiplication de sous-gain (31a) et d'un vecteur de sortie dudit moyen de multiplication de gain de prevision 
(30) multiplie par un gain au moyen dudit second moyen de multiplication de sous-gain (31 b), comme vecteur 
de sortie dudit moyen de multiplication de gain de prevision (30) multiplie" par un gain au moyen dudit moyen 
de multiplication de gain (31). 

*5 28. Appareil pour le codage du langage selon I'une des revendications 16 k 27, dans lequel ledit moyen de recherche 
de vecteur de pe>iode de pas (27) comprend : 

un moyen de preselection (68) pour calculer une valeur de correlation entre un vecteur de parole d'entnSe 
sorti au moyen dudit moyen de limitation d'amplitude (23) et un vecteur de parole synthetique sorti au moyen dudit 
moyen de synthese (26), au moyen de l'ex6cution d'un filtrage vers I'arriere relatif a tous les vecteurs de periode 
"° de pas stockes dans ledit moyen de stockage de vecteurs de periode de pas (66), selectionner un vecteur de 

periode de pas qui permette k ladite valeur de correlation de sat isf aire des conditions predetermines, et foumir 

ledit vecteur de periode de pas selectionne audit moyen de multiplication de gain (31). 

29. Appareil pour le codage du langage selon I'une des revendications 16 k 28, dans lequel ledit moyen de recherch 
25 de vecteur de forme d'onde de bruit (28) comprend : 

un premier moyen de stockage de vecteurs d'excitation (67a) pour stocker une pluralite de vecteurs 
d'excitation ; 

un premier moyen de preelection (69) pour calculer une valeur de correlation entre un vecteur de parole 
30 d'entree sorti au moyen dudit moyen de limitation d'amplitude (23) et un vecteur de parole synthetique sorti 

au moyen dudit moyen de synthese (26), au moyen de Pex6cution d'un filtrage vers I'arriere relatif a tous les 
vecteurs d'excitation stock6s dans ledit premier moyen de stockage de vecteurs d'excitation (67a), et selec- 
tionner un vecteur d'excitation qui permette k ladite valeur de correlation de satisfaire des conditions 
predeterminees ; 

35 un second moyen de stockage de vecteurs d'excitation (67b) pour stocker une plurality de vecteurs 

d'excitation ; 

un second moyen de preselection (70) pour calculer une valeur de correlation entre un vecteur de parol 
d'entree sorti au moyen dudit moyen de limitation d'amplitude (23) et un vecteur de parole synthetique sorti 
a u moyen dudit moyen de synthese (26), au moyen de ('execution d'un filtrage vers I'arriere relatif a tous les 
vecteurs d'excitation stocked dans ledit second moyen de stockage de vecteurs d'excitation (67b), et selec- 
tionner un vecteur d'excitation qui permette k ladite valeur de correlation de satisfaire des conditions 
predeterminers ; et, 

un moyen d'addition pour additionner un vecteur de sortie dudit premier moyen de preselection (69) et un 
vecteur de sortie dudit second moyen de preselection (70), et fournir ledit resuitat d'addition audit moyen de 
45 multiplication de gain de prevision (30) comme dit vecteur de forme d'onde de bruit. 

30. Appareil pour le codage du langage selon Tune des revendications 28, 29, dans lequel, quand ledit vecteur de 
parole d'entree est indique par X T , un coefficient de r6ponse impulsionnelle dudit moyen de synthese (26) est 
indique par H, et I'un dudit vecteur de periode de pas et dudit vecteur de forme d'onde de bruit est indique par V'j, 

50 ledit vecteur de parole synthetique est egal k HV'j, ladite valeur de correlation est egale k X x T HVj, et ledit filtrage 

vers I'arriere est execute au moyen d'un premier calcul de X T T H, suivi d'un calcul de (X T T H)V'j. 
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